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ABOUT THIS SYSTEM ONE GPIB MANUAL

Each section of this manual is generally divided into two parts, a hardware
description and a programming command reference.

Thefirst section of this manual is an introduction providing command set usage
information, Delay Until Settled (DUS) overview, and an Error Reporting
overview. Followed by each module's GPIB commands listed in alphabetical
order. Themodulesare: ANALOG ANALYZER, ANALOG GENERATOR,
DIGITAL SIGNAL PROCESSOR, FFTGEN, FFTSLIDE, HARMONIC,
GENANLR, BITTEST, DCX, SWITCHER, SETTLING, and ERROR
REPORTING.

The Miscellaneous section contains the ERROR REPORTING command
reference and MISCELLANEOUS command reference.

The Generator section contains the ANALOG GENERATOR hardware reference
and the ANALOG GENERATOR command reference.

The Analyzer section containsthe ANALOG ANALY ZER hardware reference
and the ANALOG ANALY ZER command reference.

The Digital Signal Processor (DSP) section containsa DSP TUTORIAL, DSP
command reference, and DSP program specific information for FFTGEN,
FFTSLIDE, HARMONIC, GENANLR, and BITTEST.

The Switcher section contains the SWITCHER hardware reference and the
SWITCHER command reference.

The DCX section contains the DCX-127 hardware reference and the DCX-127
command reference.

APPENDIX A contains the quick help sections for FFTGEN, FFTSLIDE,
HARMONIC, GENANLR, and BITTEST.

APPENDIX B contains the sample programs.
APPENDIX C contains the |EEE-488 compliance information.
APPENDIX D containsthe COMMAND SUMMARY.

APPENDIX E contains System One hardware block diagrams.
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HARDWARE DESCRIPTION INTRODUCTION

Introduction

This manual is divided into sections, each describing a separate piece of the
hardware and its command set. The hardware part of each section provides an
overview of the hardware which accomplishes the stimulus and measurement
tasks of System One plus the accessory SWR-122 switcher and DCX-127
modules. Where a specific GPIB programming command directly relatesto a
section of the hardware, the programming command will be printed in bold italics
(for example, FREQUENCY).

Installation

A six-switch assembly is located on the rear panel of each "G" version System
One.

The left-most switch on this

assembly controls the message
termination required and sent by

System One. In the LF/EO LFEOl 46 8 4 2 1 [nm-aPB
position, System One recognizes a 11110-30
line feed (LF) as end of message

and sends a carriage return (CR) g u u u ﬂ U \
and line feed in addition to setting

the "end or identify" (EQI) line of ADDREss— 00000-0
the IEEE-488 bus to true at the end
of each transmission. Inthe EOI
position, it does not recognize LF as

end of message and only sets EQI at
the end of each transmission. | EEE-488 Interface Switches

System Oneis set to "EOI only"
before shipment. Check the
documentation of your |EEE-488
controller toseeif aLF isrequired
as a termination, and set the switch
accordingly.

The remaining five switches set the IEEE-488 address or set System One to
operate asan "A" version from an Audio Precision PCI card installed in an
expansion slot of an IBM-compatible PC. Settings 0 through 30 decimal (00000
through 11110 binary) are |EEE-488 bus addresses. System Oneis set to | EEE-
488 bus address 1 before shipment.
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If the unit is alternately used in both IEEE-488 mode and asan "A" version
operating from a PC-compatible, remember that the Audio Precision Interface
cable must be disconnected from the Audio Precision PCI card installed in the
PC-compatible before using | EEE-488 mode.

Using "A" Version Mode

Setting 31 (binary 11111, with the five right-hand switches set high) selects the
Audio Precision Interface Bus connector on the rear panel instead of the |EEE-
488 connector. In addition to making these switch settings, an IBM-compatible
PC, XT, AT, or 386 computer must be available with an Audio Precision PCI
interface card plugged into an expansion slot. A digital interface cable such as
Audio Precision's CAB-D2 cable must connect the PCI card to the APIB
connector of System One. Audio Precision S1.EXE software or the LIB-MIX
mixed-language libraries must be installed on the computer to control System One
viathe APIB.

The API-1 kit may be ordered from Audio Precision if it is desired to operate a
"G" version in thismode. The API-1 consists of a PCl-2 card, CAB-D2 cable,
S1.EXE software, and aUser's Manual.
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COMMAND REFERENCE INTRODUCTION

INTRO 8

Following each hardware description is areference section for programmers using
the Audio Precision System One"G" option | EEE-488 interface commands.

This manual assumes that you are familiar with IEEE-488 General Purpose
Interface Bus (GPIB), your system controller, and its programming language.

The System One Function "G" option interface provides more than 230
commands to control the System One hardware. The commands include
hardware settings, readings, triggers, "reading ready" queries, and status queries.
Also included is a sophisticated data settling algorithm and the commands to
control it. Thisalgorithm allows the simultaneous settling of the various different
readings available from the hardware, thus making quality data easy to obtain.

Included are a number of sample programs showing the use of the GPIB
commands.

The first command section of this manual describes the general usage of the
command language, the settling language, error status reporting, and alist of
commands for each of the hardware modules.

Each section's reference part of this manual is a command reference arranged in
alphabetical order for one part of the hardware (the GENERATOR for example).

Corrections and additional information may be found in the CHANGES appendix.

The following information on System One hardware including descriptions,
specifications and block diagramsis available from Audio Precision:

SYSTEM ONE color brochure

SVC-SI1A Service Manua
The following information on IEEE-488 General Purpose Interface Bus (GPIB) is
published by the Institute of Electrical and Electronics Engineers, Inc. 345 East
47th Street, New York, New York 10017:

|EEE Std 488-1978 "Digital Interface for Programmable Instrumentation™

|EEE Std 488.1

|EEE Std 488.2 "Codes, Formats, Protocols and Common Commands'



IEEE-488 Programmers Manual Programming Reference

GENERAL COMMAND SET USAGE INFORMATION

The Audio Precision System One"G" Option is fully programmable over the
|EEE-488 General Purpose Interface Bus (GPIB).

The System One device dependent commands are key word mnemonics, using
standard ASCI| characters.

Each COMMAND has a HEADER which begins with one or more of the
alphabetic lettersfrom "A" to "Z" or "a" to "z". A few of the command headers
contain imbedded digits"1" to "9". The HELP? command will generate alist of
all the command headers. Additiona characters that are not in the header table
arenot allowed. For example:

INIT;
or Init;
but not INITIALIZE;

The headers may be abbreviated if there is no confusion with another command
preceding it in the header table. For example:

l; would be interpreted IDN rather than INIT.

Many of the commands are SETTINGS that require an ARGUMENT.
Arguments follow the header, with a SPACE (ASCII vaue 32) between the
header and the argument. Some arguments are one or more ALPHABETIC
characters and others are NUMERIC vaues. Scientific "E" notation is allowed
for numeric arguments. For example:

FREQUENCY 20000;
FREQ 2E4;
OUTPUT ON,;

Notice that each command is terminated with a SEMICOLON (";" ASCII 59),
and with an END message. The END message may be either the EQI line (see
|EEE-488), or a LINE FEED (ASCII 10) (if the LF/EOI mode is selected on the
back panel, before power isturned on). Several commands may be sent together
in the same line by inserting a SEMICOLON (";" ASCII 59) between the
commands. For example:

AMPL 0.05; FREQ 1000; OUTPUT ON;

Thereisaquery form for most of the setting commands which will return the
setting information. To interrogate a setting, send the command header (without
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the space or any arguments) followed by a QUESTION MARK ("?" ASCII 63).
For example:

AMPL7?,FREQ?OUTPUT?, returns
AMPLITUDE 5.000814E-2;FREQUENCY 1000.;O0UTPUTGEN ON;

Some commands are QUERY commands which return status information or
readings back to the controller. The question mark is optional for query
commands. For example:

ILIMIT? returns current limit status
MEASURE?: returns a measurement

The query responses from one or more messages are stored in the OUTPUT
BUFFER inside the System One "G" interface until the System One receives an
end-of-message (EOI or LF) and its IEEE-488 Talk Address (set on the back
panel). For example:

LEVEL?, TIME?,
returns the level reading and the elapsed time:
L 2.4701;37.582

TheINIT, RST and SET commands are useful for setting the System Oneto a
known state. The INIT and RST commands put the instrument to the initial
power on state. If present, the DSP processor isreset to its power-up idle state.
Often the desired setup may be reached from theinitial state using only afew
more commands. For other more complicated setups, the response from the SET?
query may be saved and later sent back to the System One to reproduce a given
setup.

The DUSENABLE and SENDDUS commands provide an easy way to quickly
obtain settled values from one or more types of readings. See the description of
the settling algorithm.

The FNEXT, HIPASS and RESPONSE commands are useful for quickly
measuring distortion or level versus frequency. The FNEXT command sets the
analog generator and distortion notch filter frequencies and the reading rate and
detector time constant for the analyzer for optimum speed and accuracy. The
FNEXT command with an array of frequency vaues and the SEND command
may be all that is needed in the inner loop of a program to make a sweep of
distortion, level, and phase versus frequency.
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DUS (DELAY UNTIL SETTLED) FUNCTIONS OVERVIEW

Generally areading should not be considered valid until both the device under test
and the measurement instrument have settled to a steady state. The settling
functions provide the capability of reading settled data.

The settling algorithm will return data after the data has met the requirements for
settling. Aseach reading is taken from the hardware, it is compared against
previous readings to determine if it has settled.

The settling algorithm itself resides in the SENDDUS command. The following
commands set the specifications for qualifying data and perform some other
utility tasks.

DUSENABLE tells the settling algorithm which types of measurements to use.

TRIGDELAY setsthe time to wait in seconds before taking the first reading for
settling. A trigger delay is necessary to compensate for time delays in signal
paths such as three head tape recorders, long distance lines, or satellite links.

The number of previous readings to be compared is set by the various
POINT Sxxx functions.

The limits for each comparison are set by the TOLxxx, RESxxx, and DUSSHAPE
functions.

Should a series of readings never settle, atime-out limit is provided by the
DUSTIMEOUT function.

The DUSCLR and DUSPHASECLR functions erase previous data from the
settling algorithm.

With the exception of the DSP settling, when DUSENABLE enables areading for
settling, that reading's reading command will also produce a settled reading. 1f
"DUSENABLE MEAS;" is set, the "MEASURE?;" will produce a settled reading.
If "DUSENABLE OFF;" is set, the "MEASURE?;" command returns an un-
settled reading.
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SETTLING ALGORITHM DESCRIPTION

Datais considered settled when a series of readings are within specified limits of
each other. The limit used for comparison is cal culated by combining the
specified tolerance, resolution, shape, and the individual readings.

As each new reading arrives from the hardware, it is stored in an array. At any
given time the array holds up to 6 readings taken from the hardware since the last
DUSCLR. Thisarray will be represented as:

A0), A(2), A(2), A(3), A(4), A(5)
where A(0) is the most recent reading.

A(0) iscompared against A(1), then against A(2), etc. up to A(PTS - 1) where
PTSisthe number set by the appropriate POINT Sxxx function.

For example: if POINTS = 3 then A(0) will be compared against A(1) and A(2).
POINTS is the total number of readings involved in the comparisons.

For each comparison A(0) against A(X), the allowable difference Dy is calculated
in the following sequence:

D = the maximum of ( A(0) * TOLERANCE ) or RESOLUTION
Dy =D * (SHAPE(X-1)) (SHAPE to the power (X-1))

Note that SHAPE is set by the DUSSHA PE function, TOLERANCE by the
appropriate TOLxxx function. and RESOLUTION by the appropriate RESxxx
function.

Some of the implications of this calculation are:

The allowable difference is never less than RESxxx.

The comparison of A(0) against A(1) is not affected by SHAPE.

If SHAPE = 1 (FLAT), al comparisons use the same difference value.
If SHAPE = 2 (EXPONENTIAL), the comparison of A(0) against A(2)
allows twice the difference as against A(1).

Eal A

The comparison process continues until either the specified number of pointsfall
within the allowable differences, or atime-out occurs.

If atime-out occurs, the returned reading will be the average of the last 6
readings. Thisis based on the assumption that the unsettled condition is due to
noise and that averaging will help.

If settling occurs, the returned reading is the last reading taken from the hardware,
and no averaging occurs.
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ERROR REPORTING OVERVIEW

*CLS; -- Clear Status clears the STB and ESR status bytes and the ERRM SG
error code.

ERRMSG?; -- returns the present value of the error code and a description of the
error, and resets the error code. The following list shows the possible error codes:

Table of ERRMSG Error Messages

ERRMSG 0 "NONE",

ERRMSG 1"INVALID COMMAND HEADER",

ERRMSG 2 "INVALID COMMAND ARGUMENT",

ERRMSG 3 "CONFLICT WITH MINIMUM AMPLITUDE",
ERRMSG 4 "CONFLICT WITH MAXIMUM AMPLITUDE",
ERRMSG 5 "CONFLICT WITH MINIMUM FREQUENCY",
ERRMSG 6 "CONFLICT WITH MAXIMUM FREQUENCY",
ERRMSG 7 "UNKNOWN ARGUMENT LIST",

ERRMSG 8 "MISSING ARGUMENT",

ERRMSG 9 "SETTLING TIMEOUT",

ERRMSG 10 "GPIB OUTPUT BUFFER ISFULL",

ERRMSG 11 "OPERATION COMPLETE",

ERRMSG 12 "NO OUTPUT AVAILABLE WHEN ADDRESSED TO TALK",
ERRMSG 13 "POWER ON",

ERRMSG 14 "EEPROM PAGE WRITE TIMEOUT",

ERRMSG 15 "EEPROM PAGE READ BACK ERROR",

ERRMSG 16 "FILE ALREADY EXISTS",

ERRMSG 17 "DIRECTORY FULL",

ERRMSG 18 "BAD BINARY BLOCK PREAMBLE",

ERRMSG 19 "FILENAME DOES NOT EXIST IN DIRECTORY",
ERRMSG 20 "LOAD ABORTED",

ERRMSG 21 "INVALID SELECTION",

ERRMSG 22 "BURST INTERVAL MUST BE GREATER THAN BURST ON",
ERRMSG 23 "",

ERRMSG 24 "",

ERRMSG 25 "CONFLICT WITH MINIMUM DCVOLTS',
ERRMSG 26 "CONFLICT WITH MAXIMUM DCVOLTS",
ERRMSG 27 "CANNOT UPLOAD WAVEFORM",

ERRMSG 28 "WAVEFORM TRANSFER NOT SUPPORTED BY THIS DSP
PROGRAM",

ERRMSG 29 "FILE SPECIFIED NOT A VALID DSPFILE -- LOAD
ABORTED",

ERRMSG 30 "INTERNAL ERROR",

ERRMSG 31 "SAMPLING RATE NOT SUPPORTED BY THIS DSP
PROGRAM",

ERRMSG 32 "STRING FORMAT NOT CORRECT",

ERRMSG 33 "CONFLICT WITH MINIMUM SETTING",

ERROR OVERVIEW 13



Audio Precision System One

ERRMSG 34 "CONFLICT WITH MAXIMUM SETTING",

ERRMSG 35 "DSP DOES NOT RESPOND TO RESET",

ERRMSG 36 "DSP PROGRAM NOT AVAILABLE",

ERRMSG 37 "ERROR LOADING DSP PROGRAM",

ERRMSG 38 "DSP READING UNIT SELECTED MUST HAVE INPUT
SOURCE FROM ANLR",

ERRMSG 39 "DSP ISNOT RETURNING READINGS',

ERRMSG 40 "DSP HOST VECTOR NOT AVAILABLE",

ERRMSG 41 "DSP TRANSMIT REGISTER NOT AVAILABLE",
ERRMSG 42 "DSP RECEIVE REGISTER NOT AVAILABLE",
ERRMSG 43 "DIGITAL WAVEFORM LOADING ERROR",

ERRMSG 44 "CRC ERROR WHEN LOADING DSP PROGRAM",
ERRMSG 45 "RATIO UNIT NOT SUPPORTED FOR DSP READINGS FROM
ANLR-A or ANLR-B",

ERRMSG 46 "NUMERIC ARGUMENT OUT OF RANGE"

ERRMSG 47 "INVALID DATA BUFFER"

ERRMSG 48 "INVALID READINGPARAM SETTING"

The DSP specific error codes are grouped by program.

FFTGEN:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 102 "ERROR: AT LEAST ONE INPUT CHANNEL MUST BE
ENABLED IN ORDER TO ACQUIRE"

ERRMSG 103 "ERROR: DSP PROGRAM DOES NOT SUPPORT EXTERN
SWEEPS"

ERRMSG 104 "WARNING: WAVEFORM LOAD OVERRUN -- FILE IS
LONGER THAN SELECTED BUFFER"

ERRMSG 105 "WARNING: WAVEFORM LOAD UNDERRUN -- FILE IS
SHORTER THAN SELECTED BUFFER"

ERRMSG 117 "ERROR: WAVEFORM FILE ISNOT OF PROPER TY PE FOR
SELECTED BUFFER"

ERRMSG 120 "GENFRQ MAY ONLY BE A SWEEP SOURCE-2
SELECTION"

ERRMSG 121 "GEMAMP MAY ONLY BE A SWEEP SOURCE-2
SELECTION"
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FFTSLIDE:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 102 "ERROR: AT LEAST ONE INPUT CHANNEL MUST BE
ENABLED IN ORDER TO ACQUIRE"

ERRMSG 103 "ERROR: DSP PROGRAM DOES NOT SUPPORT EXTERN
SWEEPS'

ERRMSG 104 "WARNING: WAVEFORM LOAD OVERRUN -- FILE IS
LONGER THAN SELECTED BUFFER"

ERRMSG 105 "WARNING: WAVEFORM LOAD UNDERRUN -- FILE IS
SHORTER THAN SELECTED BUFFER"

ERRMSG 117 "ERROR: WAVEFORM FILE ISNOT OF PROPER TY PE FOR
SELECTED BUFFER"

ERRMSG 120 "STRT MAY ONLY BE A SWEEP SOURCE-2 SELECTION"
ERRMSG 121 "PRET MAY ONLY BE A SWEEP SOURCE-2 SELECTION"

FASTTEST:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 102 "ERROR: AT LEAST ONE INPUT CHANNEL MUST BE
ENABLED IN ORDER TO ACQUIRE"

ERRMSG 103 "ERROR: DSP PROGRAM DOES NOT SUPPORT EXTERN
SWEEPS'

ERRMSG 104 "WARNING: WAVEFORM LOAD OVERRUN -- FILE IS
LONGER THAN SELECTED BUFFER"

ERRMSG 105 "WARNING: WAVEFORM LOAD UNDERRUN -- FILE IS
SHORTER THAN SELECTED BUFFER"

ERRMSG 117 "ERROR: WAVEFORM FILE ISNOT OF PROPER TY PE FOR
SELECTED BUFFER"

ERRMSG 118 "WARNING: CH1 GEN WAVEFORM SHOULD BE LOADED
BEFORE CH2"

ERRMSG 119 "WARNING: GENERATOR WAVEFORM(S) MUST BE
LOADED BEFORE ACQUIRING"

ERRMSG 120 "FREQRS MAY ONLY BE A SWEEP SOURCE-2
SELECTION"

ERRMSG 121 "GENAMP MAY ONLY BE A SWEEP SOURCE-2
SELECTION"
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FASTTRIG:

ERRMSG 102, DIO option not present -- A/D or DGEN are only valid input
settings

ERRMSG 103, DIO option not present -- D/A isonly valid output setting
ERRMSG 104,ERROR: At least one input channel must be enabled in order to
acquire

ERRMSG 105,ERROR: DSP program does not support EXTERN sweeps
ERRMSG 106,Warning: Waveform load overrun -- fileis longer than selected
buffer

ERRMSG 107,Warning: Waveform load underrun -- file is shorter than selected
buffer

ERRMSG 110,FATAL ERROR: DSP PROGRAM REQUIRES DIO or MEM
OPTION

ERRMSG 111,FATAL ERROR: Stack Overflow

ERRMSG 112,ERROR: Xform size setting out of bounds

ERRMSG 113, ERROR: FREQRS may only be a sweep source-2 selection
ERRMSG 114, ERROR: GENAMP may only be a sweep source-2 selection
ERRMSG 119, ERROR: Waveform fileis not of proper type for selected buffer
ERRMSG 120, Warning: Chl generator waveform should be loaded before ch2
ERRMSG 121, Warning: Chl & Ch2 generator waveforms have not been loaded
ERRMSG 122, ERROR: TRIG & Freq Correction modes require Chl & Ch2
generator waveforms

ERRMSG 123, Gen waveform frequencies too close for triggering or frequency
correction

ERRMSG 124,ERROR: Waveform load not of valid length

ERRMSG 125,ERROR: Chl & Ch2 generator waveforms not of equal length
ERRMSG 126,WARNING: Not enough tones in waveform for reliable triggering
ERRMSG 127,ERROR: Excessive tones in waveform for proper operation
ERRMSG 128, DEBUG: lobe width even, O or 1

ERRMSG 129, ERROR: Frequency correction data overrun

ERRMSG 130, ERROR: Frequency resolution setting conflicts with requested
frequency

ERRMSG 131, Warning: Frequency correction out of range

HARMONIC:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 110 "ERROR: NARROW BANDPASS FILTER ONLY AVAILABLE
AT 48 KHZ SAMPLE RATE"

ERRMSG 111 "ERROR: MAXIMUM BP/BR FILTER FREQUENCY
EXCEEDED"
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GENANLR:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 111 "ERROR: MAXIMUM BP/BR FILTER FREQUENCY
EXCEEDED"

*ESE; -- Event Status Enable enables one or more of the Standard Events Service
Requests listed below. Note that the 32 valued bit in the Service Request Enable
register (SRE) also must be set to allow Service Requests.

Table of Standard Events

Datal Operation Complete (OPC).

Data 2 (not used).

Data4 Query Error (no output available).
Data 8 Device Dependent Error.

Data 16 Execution Error.

Data 32 Command Error.

Data 64 (not used).

Data 128 Power On.

*ESR?; -- The Event Status Register reports the Standard Events listed above. |f
more than one of the standard events have occurred, the sum of those values will
be returned. For example 160 = 128 + 32 means that both power on and a
command error have occurred. The Event Status Register is cleared each time it
isread.

*SRE; -- Service Request Enable command enables or disables service requests.

SRE 0 Disables all service requests.
SRE 16; Enables output available SRQ.
SRE 32; Enables standard event SRQs.
SRE 48; Enables both types of SRQs.
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*STB?, -- Returns and then clears the Status Byte. Note that an IEEE-488 Seridl
Poll will also return and clear this same status byte.

Table of bitsin the Status Byte (STB)

Datal (dways 0)
Data2 (dways 0)
Data4 DSP Processor statel
Data8 DSP Processor statel
Data 16 Output is Available
Data 32 A Standard Event has Occurred
Data 64 This device issued a Service Request
Data 128 (always 0)
1 The DSP Processor stateis as follows:
Data8 Datad
0 0 Resting (Idle)
0 1 Waiting for trigger
1 0 Transforming data
1 1 Acquiring data

The DSP Processor state information is also available in the response of the
DSPSTATUS? command.

ERROR REPORTING OVERVIEW 18



IEEE-488 Programmers Manual Programming Reference

ANALOG ANALYZER COMMAND LIST

The example arguments are the power on settings and are explained in
parenthesis.

BPHZ 0.; -- set bandpass/bandreject frequency (auto)

CHANA INPUT; -- select source for analyzer input A (front panel input)
CHANB INPUT; -- select source for analyzer input B (front panel input)
CHANNEL A; -- select analyzer channel (A)

DETECTOR RMS; -- select detector type (RMS)

EXISTANA?, -- isanalyzer hardware connected?

FANA?; -- read frequency from analyzer

FBP?; -- read bandpass/bandreject frequency

FILTER O; -- set optional analyzer filter (none)

FUNCTION VOLTS; -- set mode of measure meter (volts)

HIPASS 10.; -- set corner frequency of high passfilter (10 Hz)
LEVEL?, -- read input voltage using analyzer level meter
LOCKRANGE OFF; -- lock or unlock the analyzer gain amps
LOPASS 5.E+5; -- set low pass filter corner frequency (500 kHz)
MEASURE?; -- make a measurement using the analyzer main meter
PHASE?, -- read phase from analyzer

POLARITY?, -- read polarity from analyzer

RANGEA 0; -- set channel A input range (auto)

RANGEB 0; -- set channel B input range (auto)

RANGEGAIN 0; -- set gain amp range (auto)

RANGEPHASE 0; -- set phase measurement range (-180 to +180)

RATE 4, -- set analyzer reading rate (4 readings per second)
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RDY BPFREQ?, -- determine if BP/BR tuning is ready

RDY FREQ?; -- determineif afrequency reading is ready
RDYLEVEL?, -- determineif an input reading is ready

RDYMEAS?, -- determine if amain measurement is ready
RDYPHASE?, -- determine if a phase reading is ready
RDYPOLARITY?, -- determineif polarity reading is ready
RESPONSE 10.; -- set reading rate & detector time constant (for 10 Hz signals)
SENDDUS?, -- make and return settled measurements

SENDGAIN?; -- read analyzer gain amp gain

SENDRANGEA?; -- read channel A input range

SENDRANGEB?, -- read channel B input range

SENDRANGEM?; -- read the measurement range

STATA?; -- read channel A input range status

STATB?, -- read channel B input range status

STATG?, -- read gain amp range status

TERMA?; -- read channel A termination status

TERMB?, -- read channel B termination status

TRIGANA 0.03; -- delay (30 millisec) then trigger analyzer
WFFILTER WTG,; -- set wow & flutter weighting (weighted)

ZINA 100000; -- set analyzer channel A input impedance (100 kOhms)

ZINB 100000; -- set analyzer channel B input impedance (100 kOhms)

ANALYZER LIST 20



IEEE-488 Programmers Manual Programming Reference

ANALOG GENERATOR COMMAND LIST

The example arguments are the power on settings and are explained in
parenthesis.

AMPLITUDE 1.; -- set generator amplitude (1 volt)
BURINTERVAL 3; -- set generator burst interval (3 cycles)

BURLEVEL 9.71628E-3; -- set burst off level relative to AMPLITUDE
(0.0097 % = --80 dB)

BURMODE NORMAL,; -- set generator burst mode (repeating bursts)
BURON 1, -- set generator burst on cycles (1 cycle)

EXISTGEN?, -- is generator hardware connected?

FGEN?, -- read generator frequency

FREQAUTOCAL OFF; -- set auto frequency calibration (fast)
FREQCALGEN; -- calibrate generator frequency once

FREQUENCY 1000.; -- set generator frequency (1 kHz)

GENBPOLARITY NORMAL; -- invert output B polarity (non-inverting)
GENCONFIG BAL; -- balanced, unbalanced or common mode output (balanced)
GENSETL?, -- read generator settling status

GENSTAT?, -- read generator status byte

GENSYNC?; -- read the generator sync signal

GROUNDGEN OFF; -- ground or float generator outputs (floating)

ILIMIT?, -- read generator current limit status

IMFREQ 60.; -- set generator intermodul ation frequency (60 Hz)

NOISE PSEUDQO; -- select random or pseudo-random noise (pseudo-random)
OUTPUTGEN OFF; -- set generator output on or off (both channels off)
RDY GENFREQ?, -- is agenerator frequency reading ready?

TRIGGEN 0.03; -- delay (30 millisec) & trigger gen frequency reading
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WAVEFORM SINE; -- set generator waveform (sine wave)

ZOUTGEN 50.; -- set generator output impedance (50 Ohms)
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DIGITAL SIGNAL PROCESSOR (DSP) COMMAND LIST
AQXFORM; -- Acquire and transform waveform data.
CH1IN ANLRA; -- Channel 1 input routing.

CH2IN ANLRB; -- Channel 2 input routing.

DATA; -- Send waveform data to DSP buffer.

DATA?, -- Receive waveform data from DSP buffer.
DELETEDSP; -- Delete DSP program from EEPROM.
DIRDSP?; -- Return DSP program directory from EEPROM.
DITHERTY PE TRI; -- Set dither to TRI or RECT.
DRESET; -- Reset the DSP module.

DSPDATA?, -- Receive data set from DSP processor
DSPHELP?; -- What are the DSP specific commands?
DSPOPSTATE SETUP; -- State of DSP.

DSPRATE 48KHZ; -- Set the DSP sampling rate.
DSPSTATUS?, -- Acquisition and Transformation state info.
EXISTDSP?; -- s DSP hardware connected?

EXTRACT; -- Allow re-extraction of DSP sweep data.
INFOBITS?; -- Return low level DSP information flags.
INTYPEDSP ADC,; -- Set signal routing to input of DSP.
LOADDSP NONE; -- Load DSP program from EEPROM to DSP.
OUTCHDSP ON; -- Turn output channel on and off.
OUTTYPEDSP DAC; -- Set DSP output signal route.
POINTSDSPO 3; -- Set the number of points to use for settling.
POINTSDSP1 3;

POINTSDSP2 3;
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POINTSDSP3 3;

RCVLOCK?; -- Return state of serial receive phase lock.
XMITLOCK?; -- Return state of transmit phase lock.
RCVSTATUS?, -- Refresh and return serial input status.
RDYDSPANY 7,

RDYDSPO?, -- Determineif aDSP reading is ready.
RDYDSP1?,

RDYDSP2?,

RDY DSP3?,

READINGPARAM; -- The DSP sweep setup command.
REPROCESS,; -- Allow re-extraction of sweep data
RESDSPO; -- Resolution for settling DSP readings.
RESDSPI,

RESDSP2,

RESDSPS;

SERIALMODE AESEBU,; -- Select seria data format
SIZE 24; -- Control amplitude of dither on output.
TABLE; -- Arbitrary DSP sweep table.

TOLDSPO; -- Tolerance for settling DSP readings.
TOLDSP],

TOLDSPZ;

TOLDSP3;

TRIGDSP 0.; -- Delay then trigger the DSP module
WRITEDSP; -- Put a DSP program into EEPROM from GPIB.

XFORM; -- Transform existing waveform data.
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XMITSTATUS hex-bit-pattern; -- Set serial status bit pattern.
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COMMANDS SPECIFIC TO FFTGEN
ACQTIME -- Sweep time setting
AMPL1?-- GET AMPLITUDE 1 READING
AMPL2?-- GET AMPLITUDE 2 READING
DGENAMPL -- Set digital generator amplitude
DGENFREQ -- Set digital generator frequency
SPECTFREQ -- Set sweep frequency value
FFTAVG -- Number of FFT'sto average
FFTSIZE -- Set transform bin size
TRIGCHAN -- Trigger channel
WFMCOUPLING -- Turn waveform averaging on or off
WFMPROCESS -- Waveform interpolation setting

WINDOW -- Type of data smoothing window
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COMMANDS SPECIFIC TO FFTSLIDE
ACQTIME -- Current sweep time setting
AMPL1? -- Get areading from amplitude 1
AMPL2? -- Get areading from amplitude 2
SPECTFREQ -- Current frequency of sweep
FFTSIZE -- Set size of transform
FFTSTART -- Time offset to start FFT
PRETRIG -- Set time of pre-trigger
TRIGPOLARITY -- Set DSP trigger polarity
TRIGSOURCE -- Set DSP trigger channel
WFMCOUPLING -- Turn waveform averaging on or off
WFMPROCESS -- Set waveform interpolation type

WINDOW -- Set type of windowing for transform
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COMMANDS SPECIFIC TO FASTTEST
ACQTIME -- Sweep time setting
AMPL1?-- GET AMPLITUDE 1 READING
AMPL2?-- GET AMPLITUDE 2 READING
CH1PHASE? -- Get phase reading from CH1IN
CH2PHASE? -- Get phase reading from CH2IN or phase difference
DGENAMPL -- Set digital generator amplitude
DIFFMEAS -- Select stereo phase evaluation
FFTSIZE -- Set transform size
FREQRES -- Set the frequency resolution
SPECTFREQ -- Set sweep frequency value
SPECTPROC -- Set the frequency domain processing algorithm
TRIGCHAN -- Trigger channel

WINDOW -- Type of data smoothing window
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COMMANDS SPECIFIC TO FASTTRIG
ACQTIME -- Sweep time setting
AMPL1?-- GET AMPLITUDE 1 READING
AMPL2?-- GET AMPLITUDE 2 READING
CH1PHASE? -- Get phase reading from CH1IN
CH2PHASE? -- Get phase reading from CH2IN or phase difference
DGENAMPL -- Set digital generator amplitude
FREQCRRCT -- Frequency error correction function
FREQRES -- Set the frequency resolution
SPECTFREQ -- Set sweep frequency value
SPECTPROC -- Set the frequency domain processing algorithm
TRIGCRITERIA -- Triggering tolerance
TRIGSRC -- Trigger source
WAVEWARNS -- Generator waveform error reporting ON/OFF

WINDOW -- Type of data smoothing window
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COMMANDS SPECIFIC TO HARMONIC
DSPDETECTOR -- Set the reading rate
DSPFREQUENCY ?-- Return current measured filter frequency value
FILTFREQ -- Set the filter frequency value
FILTLEVEL1? -- Return the amplitude of channel 1
FILTOFFSET -- Set digita filter offset value
FILTTYPE -- Set the type of digital filter
HARMONIC -- Set harmonic multiplier
TUNEMODE -- Set filter tuning mode

TUNESOURCE -- Set filter tracking source for sweep
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COMMANDS SPECIFIC TO GENANLR
AUTOSOURCE -- Auto reading rate information source
DGENAMPL -- Set the digital generator amplitude
DGENFREQ -- Set the digital generator frequency
DSPDETECTOR -- Set reading rate and detector type
DSPFREQUENCY ? -- Return the filter center frequency
FILTFREQ -- Set the filter frequency value
FILTLEVEL2? -- Return channel 2'sfiltered level reading
FILTTY PE -- Set the shape of the digital filter
HPFREQ -- Set the highpass filter frequency
INLEVEL1? -- Return channel 1'slevel reading
TUNEHARM -- Set bandpass harmonic

TUNESOURCE -- Set filter tracking source for sweep
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COMMANDS SPECIFIC TO BITTEST

DSP LIST 32

ACQTIME -- Current sweep time setting

DGENAMPL -- Set digital generator amplitude
DGENFREQ -- Set digital generator frequency
DGENVALUE -- Set value for DGEN output in constant mode
DGENWAVEFORM -- Set test signal waveform
DISPLRATE -- Set the reading rate

ERRPROCESS -- Set error reporting mode, zero error count
ERRORSL1? -- Return channel 1's bit error value
ERRORS2? -- Return channel 2's bit error value
INPUT1?-- Return channel 1's current value

INPUT2? -- Return channel 2's current value

VALIDITY -- Set validity bit on or off

WFMPROCESS -- Set time domain data reporting mode
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DCX COMMAND LIST

The example arguments are the power on settings and are explained in
parenthesis.

DIN?; -- read the DCX Digital Input Port

DINFORMAT TWOSCOMP; -- set the DCX Digital Input format (two's
complement)

DINRATE 32; -- set the DCX Digital Input strobe rate (32 per second)
DMM?; -- read the DCX Volt Ohm Meter

DMMODE DCV; -- set the DCX DMM measurement mode (DC volts)
DMRATE 6; -- set the DCX DMM reading rate (6 readings per second)
DMRUN ON; -- set the DCX DMM trigger mode (free-run)

DOUT 0; -- set the DCX digital output (all low)

DOUTFORMAT TWOSCOMP; -- set DCX Digital Output format (two's
complement)

EXISTDCX?, -- isthe DCX hardware connected?

KEY?, -- read the DCX Program Control Input

PGMC3; -- pulse DCX program control output pin 3

PGMCA4 0.; -- delay (0 seconds) then pulse DCX program control output pin 4
PGMC6 OFF; -- set DCX Program Control Output pin 6 (low)

PGMC7 OFF; -- set DCX Program Control Output pin 7 (low)
PGMGATEDELAY 5.E-2; -- set Program Control pin 1 delay (50 millisec)
PORTA 0; -- set the DCX port A 8-bit output (all low)

PORTB 0; -- set the DCX port B 8-bit output (all low)

PORTC 0; -- set the DCX port C 8-bit output (all low)

RANGEDM 0; -- set the DCX DMM input range (auto)

RDY DIN?, -- determineif digital input reading is ready
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RDYDM?; -- determine if aDMM reading is ready

RDYDMRANGE?, -- determine if DMM range reading is ready
RDYKEY?, -- determine if a program control key is ready

SENDDUS?, -- make and return settled measurements
SENDRANGEDM?; -- read the DMM range

TRIGDIN 0.03; -- delay (30 millisec) then trigger DCX Digita Input
TRIGDMM 0.03; -- delay (30 millisec) then trigger aDCX DMM reading
VDC1 0; -- set the DCX DC output 1 voltage (O volts)

VDC2 0; -- set the DCX DC output 2 voltage (0 volts)

VDCI1ENABLE ON; -- enable the DCX DC Volts output 1 (enabled)

VDC2ENABLE ON; -- enable the DCX DC Volts output 2 (enabled)
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SWITCHER COMMAND LIST

The example arguments are the power on settings and are explained in
parenthesis.

EXISTSWI?; -- is SWITCHER hardware connected?
SWIAIN 0O; -- set switcher A INPUT channel (none)
SWIBIN O; -- set switcher B INPUT channel (none)
SWIAQUT O0; -- set switcher A OUTPUT channel (none)

SWIBOUT 0; -- set switcher B OUTPUT channel (none)
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SETTLING COMMAND LIST

The example arguments are the power on settings and are explained in
parenthesis.

DUSCLR; -- clear al data from settling algorithm

DUSENABLE OFF; -- select type(s) of measurements for settling (none)
DUSPHASECLR; -- clear phase correction

DUSSHAPE 2; -- set the shape for settling comparisons (exponential)
DUSTIMEOUT 4; -- set the settling a gorithm time-out (4 seconds)
POINTSMEAS 3; -- set main voltmeter settling points (3 points)
POINTSLEVEL 3; -- set input voltmeter settling points (3 points)
POINTSFREQ 3; -- set frequency settling points (3 points)
POINTSPHASE 2; -- set phase settling points (2 points)

POINTSDM 3; -- set DCV and OHMS settling points (3 points)
POINTSDIN 1; -- set digital input settling points (1 points)
POINTSDSPO 3 -- Set the number of points to use for settling DSPO.
POINTSDSPL1 3 -- Set the number of points to use for settling DSPL.
POINTSDSP2 3 -- Set the number of points to use for settling DSP2.
POINTSDSP3 3 -- Set the number of points to use for settling DSP3.
RESAMP 1.E-7; -- set AMPL settling resolution (0.1 micro volt)
RESDCYV 5.E-4; -- set DC VOLTS (DMM) settling resolution (0.5 milli volt)
RESDEG 0.5; -- set phase settling resolution (half a degree)

RESDIN 1, -- set digital input settling resolution (one count)

RESHZ 2.E-4; -- set frequency settling resolution (0.0002 Hz)
RESIMD 3.E-5; -- set IMD settling resolution (0.00003%)

RESLEVEL 2.5E-5; -- set level volt meter settling resolution (25 micro volts)

SETTLING LIST 37



Audio Precision System One

RESOHM 0.1; -- set OHMS (DMM) settling resolution (0.1 Ohms)
RESTHD 7.5E-5; -- set THD settling resolution (0.000075%)
RESWF 2.E-4; -- set W& F settling resolution (0.0002%)
RESDSPO 0.;-- Resolution for settling DSP readings.
RESDSP1 0.;-- Resolution for settling DSP readings.
RESDSP2 0.;-- Resolution for settling DSP readings.
RESDSP3 0.;-- Resolution for settling DSP readings.
SENDDUS?, -- make and return settled measurements
TOLAMP 1,; -- set AMPL settling tolerance (1%)
TOLDCO0.2; -- set DCVOLTS (DMM) settling tolerance (0.2%)
TOLDIN 0.; -- set digital input settling tolerance (0%)
TOLFREQ 0.5; -- set frequency settling tolerance (0.5%)
TOLIMD 3.; -- set IMD settling tolerance (3%)

TOLLEVEL 1,; -- set input Volts settling tolerance (1%)
TOLOHM 0.5; -- set OHM S (DMM) settling tolerance (0.5%)
TOLTHD 3,; -- set THD settling tolerance (3%)

TOLWEF 5.; -- set W& F settling tolerance (5%)

TOLDSPO 0.; -- Tolerance for settling DSP readings.
TOLDSP1 0.; -- Tolerance for settling DSP readings.
TOLDSP2 0.; -- Tolerance for settling DSP readings.
TOLDSP30.; -- Tolerance for settling DSP readings.

TRIGDELAY 3.E-2; -- set trigger delay (0.03 seconds)
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ERROR REPORTING COMMAND LIST

The example arguments are the power on settings and are explained in
parenthesis.

*CLS; -- Clear Status

ERRMSG?; -- Read and Clear System One Error Code

*ESE 0; -- Event Status Enable ( disable all standard event service requests)
*ESR?; -- Read and Clear Standard Event Status Register

*SRE 0; -- Service Request Enable (disable all service requests)

*STB?, -- Read and Clear Serial Poll Status Byte
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MISCELLANEOUS COMMAND LIST

The example arguments are the power on settings and are explained in
parenthesis.

APADDR 0; -- Set AP port address for APREAD and APWRITE (address 0
LVF)

APREAD?; -- input byte from AP port

APWRITE O; -- output byte to AP port (data 0)
APRESET; -- reset hardware

APRESTORE; -- reset and restore hardware settings
CLRTIME; -- reset timer

CLROUTBUF,; -- Clear Output Buffer

DELAY 0.03; -- delay for a specified time (30 millisec)
FNEXT 1000.; -- set gen, bphz and response frequency (1 kHz)
HELP?; -- Returns a List of Command Headers
*IDN?; -- Returns Instrument Identification

INIT; -- initialize settings

*OPC; -- Enable Operation Compl ete Interrupt
RDYANY?, -- determine if any reading is available
*RST; -- initialize settings

SENDDUS?, -- make and return settled measurements
SET?, -- Return All Instrument Settings

TIME?, -- read the timer

*TST?; -- Self Test

*WALI; -- Wait to Continue
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ERROR REPORTING COMMANDS

The example arguments are the power on settings and are explained in
parenthesis.

*CLS; -- Clear Status

ERRMSG?; -- Read and Clear System One Error Code

*ESE 0; -- Event Status Enable ( disable all standard event service requests)
*ESR?; -- Read and Clear Standard Event Status Register

*SRE 0; -- Service Request Enable (disable all service requests)

*STB?, -- Read and Clear Serial Poll Status Byte
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MISCELLANEOUS COMMANDS

The example arguments are the power on settings and are explained in
parenthesis.

APADDR 0; -- Set AP port address for APREAD and APWRITE (address 0
LVF)

APREAD?; -- input byte from AP port

APWRITE O; -- output byte to AP port (data 0)
APRESET; -- reset hardware

APRESTORE; -- reset and restore hardware settings
CLRTIME; -- reset timer

CLROUTBUF,; -- Clear Output Buffer

DELAY 0.03; -- delay for a specified time (30 millisec)
FNEXT 1000.; -- set gen, bphz and response frequency (1 kHz)
HELP?; -- Returns a List of Command Headers
*IDN?; -- Returns Instrument Identification

INIT; -- initialize settings

*OPC; -- Enable Operation Compl ete Interrupt
RDYANY?, -- determine if any reading is available
*RST; -- initialize settings

SENDDUS?, -- make and return settled measurements
SET?, -- Return All Instrument Settings

TIME?, -- read the timer

*TST?; -- Self Test

*WALI; -- Wait to Continue
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APADDR -- set AP port address for APREAD and APWRITE
APREAD -- input byte from AP port
APWRITE -- output byte to AP port

SYNOPSIS
APADDR address; "address’ is a port address, adecimal
APREAD?, integer from O to 255 from the table
APWRITE data; below. "data' isadecimal integer
from O to 255
RETURNS

APREAD returns a byte read from the port as a decimal integer from 0 to 255; for
example: APREAD 123;

DESCRIPTION

These functions are used only for diagnostics, to read or write a byte at the
specified ap port address. Addresses from O to 255 are allowed.

System One instruments are set by "module address'. The module address
multiplied by 16 isthe actual base address for the instrument. Each instrument
normally occupies ablock of 16 addresses (or multiples of 16).

The default module addresses for existing instruments are:

LVF-0 (occupies addresses 0 - 15)
DIS-1 (occupies addresses 16 - 31)

(adlways next to attached LVF)
GEN - 2 (occupies addresses 32 - 47)
DSP-3 (occupies addresses 48 - 63)
DCX - 11 (occupies addresses 176 - 191)

(address for DCX is not selectable)

SWI - 14 (occupies addresses 224 - 255)
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APRESET -- reset hardware

SYNOPSIS

APRESET;

DESCRIPTION
This function toggles the reset port on the AP busto force all instrumentsinto a
reset condition. The actual actions are dependent on each module but in genera
the instruments are reset to a safe state condition with outputs off, inputs

unterminated, and not returning readings. The DSP module is set to its power-up
idle state with no DSP program loaded or running.

This function need be used only to

1 To reset the hardware when exiting your program.

2. As an emergency shutdown of the System One chassis during conditions
of operation with afaulty device under test.

SEE ALSO

APRESTORE, INIT, RST, DRESET
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APRESTORE -- reset and restore hardware settings

SYNOPSIS
APRESTORE;

DESCRIPTION

This function toggles the reset port on the AP bus to force all instrument modules
into areset condition. Then all hardware settings are restored to match the present
software settings.

This function need be used only when the DCX or SWI external modules have
lost and regained power, or the Audio Precision Interface Bus has become
disconnected and is then subsequently reconnected. APRESTORE will
reestablish the hardware settings.

The DSP module will re-load and run the current DSP program. The DSP
settings, however, will be set to the LOADDSP initia state. The digital generator
waveform will reset back to the powerup sine wave.

SEE ALSO
APRESET, INIT, RST, DRESET, LOADDSP

MISCELLANEOUS 49



Audio Precision System One

CLROUTBUF -- clear output buffer

SYNOPSIS
CLROUTBUF;

RETURNS

Nothing.

DESCRIPTION

CLROUTBUF clears the output buffer that holds the responses to readings and
guery commands. This command may be used at the beginning of atest sequence
to make sure that there is nothing in the output buffer left over from a previous

test.

The IEEE-488 DCL command will clear the output buffer also.
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CLRTIME -- reset timer

SYNOPSIS

CLRTIME;

DESCRIPTION

CLRTIME resets the general purpose timer.

SEE ALSO

DELAY, TIME?, TRIGDELAY
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*CLS -- clear status

SYNOPSIS

*CLS;

DESCRIPTION

CLSclearsthe STB and ESR status bytes and the ERRM SG error code.

SEE ALSO

ERRMSG?, ESR?, STB?, Error Reporting
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DELAY -- delay for a specified time

SYNOPSIS
DELAY time; "time" isthe value of timeto delay
in seconds
DESCRIPTION

This function simply waits the specified time then returns.

The DELAY function has a maximum delay of 15 seconds at aresolution of 241
microseconds.

Note that because of other interrupts operating in the instrument, do not expect
accuracy better than about 1 millisecond.

Recommended minimum of 30 milliseconds when the analog generator is used.

SEE ALSO

CLRTIME, TIME?, TRIGANA, TRIGDMM, TRIGDELAY, TRIGDIN,
TRIGGEN
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ERRMSG? -- get and reset error code

SYNOPSIS

ERRMSG?,

RETURNS
The following list shows the possible error messages.

ERRMSG 0 "NONE",

ERRMSG 1"INVALID COMMAND HEADER",

ERRMSG 2 "INVALID COMMAND ARGUMENT",

ERRMSG 3 "CONFLICT WITH MINIMUM AMPLITUDE",
ERRMSG 4 "CONFLICT WITH MAXIMUM AMPLITUDE",
ERRMSG 5 "CONFLICT WITH MINIMUM FREQUENCY",
ERRMSG 6 "CONFLICT WITH MAXIMUM FREQUENCY",
ERRMSG 7 "UNKNOWN ARGUMENT LIST",

ERRMSG 8 "MISSING ARGUMENT",

ERRMSG 9"SETTLING TIMEOUT",

ERRMSG 10 "GPIB OUTPUT BUFFER ISFULL",

ERRMSG 11 "OPERATION COMPLETE",

ERRMSG 12 "NO OUTPUT AVAILABLE WHEN ADDRESSED TO TALK",
ERRMSG 13 "POWER ON",

ERRMSG 14 "EEPROM PAGE WRITE TIMEOUT",

ERRMSG 15 "EEPROM PAGE READ BACK ERROR",

ERRMSG 16 "FILE ALREADY EXISTS",

ERRMSG 17 "DIRECTORY FULL",

ERRMSG 18 "BAD BINARY BLOCK PREAMBLE",

ERRMSG 19 "FILENAME DOES NOT EXIST IN DIRECTORY™",
ERRMSG 20 "LOAD ABORTED",

ERRMSG 21 "INVALID SELECTION",

ERRMSG 22 "BURST INTERVAL MUST BE GREATER THAN BURST ON",
ERRMSG 23"",

ERRMSG 24 "",

ERRMSG 25 "CONFLICT WITH MINIMUM DC VOLTS',
ERRMSG 26 "CONFLICT WITH MAXIMUM DC VOLTS",
ERRMSG 27 "CANNOT UPLOAD WAVEFORM",

ERRMSG 28 "WAVEFORM TRANSFER NOT SUPPORTED BY THIS DSP
PROGRAM",

ERRMSG 29 "FILE SPECIFIED NOT A VALID DSP FILE -- LOAD
ABORTED",

ERRMSG 30 "INTERNAL ERROR",
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ERRMSG 31 "SAMPLING RATE NOT SUPPORTED BY THIS DSP
PROGRAM",

ERRMSG 32 "STRING FORMAT NOT CORRECT",

ERRMSG 33 "CONFLICT WITH MINIMUM SETTING",

ERRMSG 34 "CONFLICT WITH MAXIMUM SETTING",
ERRMSG 35 "DSP DOES NOT RESPOND TO RESET",

ERRMSG 36 "DSP PROGRAM NOT AVAILABLE",

ERRMSG 37 "ERROR LOADING DSP PROGRAM",

ERRMSG 38 "DSP READING UNIT SELECTED MUST HAVE INPUT
SOURCE FROM ANLR",

ERRMSG 39 "DSP ISNOT RETURNING READINGS®,

ERRMSG 40 "DSP HOST VECTOR NOT AVAILABLE",

ERRMSG 41 "DSP TRANSMIT REGISTER NOT AVAILABLE",
ERRMSG 42 "DSP RECEIVE REGISTER NOT AVAILABLE",
ERRMSG 43 "DIGITAL WAVEFORM LOADING ERROR",
ERRMSG 44 "CRC ERROR WHEN LOADING DSP PROGRAM",
ERRMSG 45 "RATIO UNIT NOT SUPPORTED FOR DSP READINGS FROM
ANLR-A or ANLR-B",

ERRMSG 46 "NUMERIC ARGUMENT OUT OF RANGE"
ERRMSG 47 "INVALID DATA BUFFER"

ERRMSG 48 "INVALID READINGPARAM SETTING"

The DSP specific error codes are grouped by program.

FFTGEN:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 102 "ERROR: AT LEAST ONE INPUT CHANNEL MUST BE
ENABLED IN ORDER TO ACQUIRE"

ERRMSG 103 "ERROR: DSP PROGRAM DOES NOT SUPPORT EXTERN
SWEEPS"

ERRMSG 104 "WARNING: WAVEFORM LOAD OVERRUN -- FILE IS
LONGER THAN SELECTED BUFFER"

ERRMSG 105 "WARNING: WAVEFORM LOAD UNDERRUN -- FILE IS
SHORTER THAN SELECTED BUFFER"

ERRMSG 117 "ERROR: WAVEFORM FILE ISNOT OF PROPER TY PE FOR
SELECTED BUFFER"

ERRMSG 120 "GENFRQ MAY ONLY BE A SWEEP SOURCE-2
SELECTION"

ERRMSG 121 "GEMAMP MAY ONLY BE A SWEEP SOURCE-2
SELECTION"
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FFTSLIDE:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 102 "ERROR: AT LEAST ONE INPUT CHANNEL MUST BE
ENABLED IN ORDER TO ACQUIRE"

ERRMSG 103 "ERROR: DSP PROGRAM DOES NOT SUPPORT EXTERN
SWEEPS"

ERRMSG 104 "WARNING: WAVEFORM LOAD OVERRUN -- FILE IS
LONGER THAN SELECTED BUFFER"

ERRMSG 105 "WARNING: WAVEFORM LOAD UNDERRUN -- FILE IS
SHORTER THAN SELECTED BUFFER"

ERRMSG 117 "ERROR: WAVEFORM FILE ISNOT OF PROPER TY PE FOR
SELECTED BUFFER"

ERRMSG 120 "STRT MAY ONLY BE A SWEEP SOURCE-2 SELECTION"
ERRMSG 121 "PRET MAY ONLY BE A SWEEP SOURCE-2 SELECTION"

FASTTEST:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 102 "ERROR: AT LEAST ONE INPUT CHANNEL MUST BE
ENABLED IN ORDER TO ACQUIRE"

ERRMSG 103 "ERROR: DSP PROGRAM DOES NOT SUPPORT EXTERN
SWEEPS"

ERRMSG 104 "WARNING: WAVEFORM LOAD OVERRUN -- FILE IS
LONGER THAN SELECTED BUFFER"

ERRMSG 105 "WARNING: WAVEFORM LOAD UNDERRUN -- FILE IS
SHORTER THAN SELECTED BUFFER"

ERRMSG 117 "ERROR: WAVEFORM FILE ISNOT OF PROPER TY PE FOR
SELECTED BUFFER"

ERRMSG 118 "WARNING: CH1 GEN WAVEFORM SHOULD BE LOADED
BEFORE CH2"

ERRMSG 119 "WARNING: GENERATOR WAVEFORM(S) MUST BE
LOADED BEFORE ACQUIRING"

ERRMSG 120 "FREQRS MAY ONLY BE A SWEEP SOURCE-2
SELECTION"

ERRMSG 121 "GENAMP MAY ONLY BE A SWEEP SOURCE-2
SELECTION"
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FASTTRIG:

ERRMSG 102, DIO option not present -- A/D or DGEN are only valid input
settings

ERRMSG 103, DIO option not present -- D/A isonly valid output setting
ERRMSG 104,ERROR: At least one input channel must be enabled in order to
acquire

ERRMSG 105,ERROR: DSP program does not support EXTERN sweeps
ERRMSG 106,Warning: Waveform load overrun -- fileis longer than selected
buffer

ERRMSG 107,Warning: Waveform load underrun -- file is shorter than selected
buffer

ERRMSG 110,FATAL ERROR: DSP PROGRAM REQUIRES DIO or MEM
OPTION

ERRMSG 111,FATAL ERROR: Stack Overflow

ERRMSG 112,ERROR: Xform size setting out of bounds

ERRMSG 113, ERROR: FREQRS may only be a sweep source-2 selection
ERRMSG 114, ERROR: GENAMP may only be a sweep source-2 selection
ERRMSG 119, ERROR: Waveform fileis not of proper type for selected buffer
ERRMSG 120, Warning: Chl generator waveform should be loaded before ch2
ERRMSG 121, Warning: Chl & Ch2 generator waveforms have not been |oaded
ERRMSG 122, ERROR: TRIG & Freq Correction modes require Chl & Ch2
generator waveforms

ERRMSG 123, Gen waveform frequencies too close for triggering or frequency
correction

ERRMSG 124,ERROR: Waveform load not of valid length

ERRMSG 125,ERROR: Chl & Ch2 generator waveforms not of equal length
ERRMSG 126,WARNING: Not enough tones in waveform for reliable triggering
ERRMSG 127,ERROR: Excessive tones in waveform for proper operation
ERRMSG 128, DEBUG: lobe width even, O or 1

ERRMSG 129, ERROR: Frequency correction data overrun

ERRMSG 130, ERROR: Frequency resolution setting conflicts with requested
frequency

ERRMSG 131, Warning: Frequency correction out of range

HARMONIC:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 110 "ERROR: NARROW BANDPASS FILTER ONLY AVAILABLE
AT 48 KHZ SAMPLE RATE"

ERRMSG 111 "ERROR: MAXIMUM BP/BR FILTER FREQUENCY
EXCEEDED"
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GENANLR:

ERRMSG 100 "DIO OPTION NOT PRESENT -- A/D OR DGEN ARE ONLY
VALID INPUT SETTINGS'

ERRMSG 101 "DIO OPTION NOT PRESENT -- D/A ISONLY VALID
OUTPUT SETTING"

ERRMSG 111 "ERROR: MAXIMUM BP/BR FILTER FREQUENCY
EXCEEDED"

DESCRIPTION

This function returns a System One error code. This error code is set by the
message processor or by the instrument settings functions.

The error code sent isfor thefirst error that has occurred since the last call to

ERRMSG?. Subsequent errorswill be lost. ERRMSG resets the error code so
that an error will be returned only once. CLS aso clearsthe error code.

SEE ALSO

CLS, ESE, ESR?, SRE, STB?, Error Reporting
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*ESE -- event status enable

SYNOPSIS
*ESE value;

where value is an integer from 0 to 255.

INITIAL STATE

ESE 0O; All Standard Event Service Requests are disabled

RETURNS

ESE? returns the value of the Event Status Enable register.

DESCRIPTION

The Event Status Enable alows or disables Service Requests as follows:

Datal Operation Complete (OPC)

Data 2 (not used)

Data4 Query Error (no output available)
Data 8 Device Dependent Error

Data 16 Execution Error

Data 32 Command Error

Data64 (not used)

Data 128 Power On

For example: 48 = 32+16 allows Command or Execution Service Requests.

Note that SRE must also be set to allow Service Requests.

SEE ALSO

ERRMSG?, ESR?, SRE, STB?, Error Reporting
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*ESR -- returns standard event status register

SYNOPSIS
*ESR?,
RETURNS
an integer from O through 255 representing 8 bits of Standard Event Status as
follows:
Datal Operation Complete (OPC).
Data 2 (not used).
Data4 Query Error (no output available).
Data 8 Device Dependent Error.
Data 16 Execution Error.
Data 32 Command Error.
Data64 (not used).
Data 128 Power On.
DESCRIPTION

The Event Status Register reports the Standard Events listed above. If more than
one of the standard events have occurred, those values will be added together and
returned as one number. For example 160 = 128 + 32 means that both power on
and acommand error have occurred.

The Event Status Register is cleared each timeit is read.

A Service Request may be generated when any of these events occur. The ESE
and SRE commands must be used to enable Service Requests.

SEE ALSO

ERRMSG?, ESE, SRE, STB?, Error Reporting
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FNEXT -- set analog generator, bphz and response frequency

SYNOPSIS
FNEXT hertz; "hertz" isthe value of frequency in
Hertz
INITIAL STATE

FNEXT 1000.; isset by INIT or RST.

RETURNS

FNEXT?; returns the setting in Hertz.

DESCRIPTION

FNEXT sets the analog generator frequency, the analog analyzer
bandpass/bandre ect frequency and the analog analyzer response frequency.
FNEXT isfaster than calling FREQUENCY, BPHZ and RESPONSE during

distortion sweeps.

FNEXT does not appear in the SET? response since the information is available
from FREQUENCY, BPHZ and RATE.

SEE ALSO
FREQUENCY, BPHZ, RATE, RESPONSE
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HELP? -- returns a list of command headers

SYNOPSIS

HELP?,

RETURNS

HELP AMPLITUDE, APADDR, APREAD, APRESET, APRESTORE,
APWRITE, AQXFORM, BPHZ, BURINTERVAL, BURLEVEL, BURMODE,
BURON, CHANNEL, CHANA, CHANB, *CLS, CLRTIME, CLROUTBUF,
CH1IN, CH2IN, DATA, DIN, DMM, DETECTOR, DELAY, DMMODE,
DMRATE, DMRUN, DINRATE, DINFORMAT, DOUT, DOUTFORMAT,
DUSENABLE, DUSCLR, DUSPHASECLR, DUSSHAPE, DUSTIMEOUT,
DELETEDSP, DIRDSP, DITHERTYPE, DRESET, DSPDATA, DSPHELP,
DSPOPSTATE, DSPRATE, DSPSTATUS, ERRMSG, *ESE, *ESR,
EXISTANA, EXISTDCX, EXISTGEN, EXISTSWI, EXISTDSP, EXTRACT,
FANA, FBP, FGEN, FILTER, FNEXT, FREQUENCY, FREQAUTOCAL,
FREQCALGEN, FUNCTION, GROUNDGEN, GENBPOLARITY,
GENCONFIG, GENSETL, GENSTAT, GENSYNC, HELP, HIPASS, *IDN,
ILIMIT, IMFREQ, INIT, INFOBITS, INTYPEDSP, KEY, LEVEL, LOPASS,
LOADDSP, LOCKRANGE, MEASURE, NOISE, OUTPUTGEN, *OPC,
OUTCHDSP, OUTTYPEDSP, PHASE, POLARITY, PORTA, PORTB,
PORTC, PGMC3, PGMC4, PGMC6, PGMC7, PGMGATEDELAY,
POINTSMEAS, POINTSDM, POINTSDIN, POINTSFREQ,
POINTSLEVEL, POINTSPHASE, POINTSDSPO, POINTSDSP1,
POINTSDSP2, POINTSDSP3, RDYANY, RDYMEAS, RDYBPFREQ,
RDYDIN, RDYDM, RDYDMRANGE, RDYFREQ, RDYGENFREQ,
RDYKEY, RDYLEVEL, RDYPHASE, RDYPOLARITY, RANGEA,
RANGEB, RANGEDM, RANGEGAIN, RANGEPHASE, RATE,
RESPONSE, RESTHD, RESAMP, RESDCV, RESDIN, RESHZ, RESIMD,
RESLEVEL, RESOHM, RESDEG, RESWF, *RST, RDYDSPANY,
RESDSPO, RESDSP1, RESDSP2, RESDSP3, RCVSTATUS, RCVLOCK,
RDYDSPO, RDYDSP1, RDYDSP2, RDYDSP3, READINGPARAM,
SENDDUS, SENDGAIN, SENDRANGEA, SENDRANGESB,
SENDRANGEDM, SENDRANGEM, SET, *SRE, STATA, STATB, STATG,
*STB, SWIAIN, SWIAOUT, SWIBIN, SWIBOUT, SERIALMODE, SIZE,
TABLE, TIME, TERMA, TERMB, TRIGANA, TRIGDMM, TRIGDELAY,
TRIGDIN, TRIGGEN, TOLTHD, TOLAMP, TOLDC, TOLDIN, TOLFREQ,
TOLIMD, TOLLEVEL, TOLOHM, TOLWEF, *TST, TOLDSPO, TOLDSP1,
TOLDSP2, TOLDSP3, TRIGDSP, VDC1, VDC2, VDC1ENABLE,
VDC2ENABLE, WAVEFORM, *WAI, WFFILTER, WRITEDSP, XFORM,
XMITLOCK, XMITSTATUS, ZOUTGEN, ZINA, ZINB, AMPL1, AMPLZ2,
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DGENFREQ, DGENAMPL, SPECTFREQ, ACQTIME, FFTSIZE,
WINDOW, WFMPROCESS, WFMCOUPLING, FFTAVG, TRIGCHAN;

DESCRIPTION

HELP?, returns alist the headers for al the accepted commands. The example
above assumes that the DSP program FFTGEN has been loaded. (Note ZINB,
AMPL1 asthe division between common commands and the DSP specific
commands.) When no DSP program is loaded, there will not be any DSP
program specific headers returned in the HEL P? response.
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*IDN? -- returns instrument identification

SYNOPSIS

*IDN?;

RETURNS

*IDN AUDIO PRECISION, SYSTEM ONE, 0O, 2.10A, SEPTEMBER 14, 1992;

DESCRIPTION

IDN?; returns the manufacturer, model, serial number (0), the firmware level, and
the ROM release date.
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INIT -- initialize settings

SYNOPSIS

INIT;

DESCRIPTION

This function resets the instrument modules and initializes al settings to the
default power-on values. INIT and RST perform identically.

Analyzer initializations: Generator initializations:

BPHZ O.; AMPLITUDE 1,;
CHANNEL A; BURMODE NORMAL,;
CHANA INPUT,; BURLEVEL 9.71628E-3;
CHANB INPUT; BURON 1,

DETECTOR RMS; BURINTERVAL 3;
FILTERO; FREQUENCY 1000.;

FUNCTION VOLTS;

FREQAUTOCAL OFF,

HIPASS 10; GENBPOLARITY NORMAL,;
LOPASS 500000.; GENCONFIG BAL;
RANGEA 0, GROUNDGEN OFF,;
RANGEB 0., IMFREQ 60;
RANGEGAIN O, NOISE PSEUDOG;
RANGEPHASE 0; OUTPUTGEN OFF,;
RATE 4, WAVEFORM SINE;
RESPONSE 10.; ZOUTGEN 50.,;
WFFILTER WTD;

ZINA 100000;

ZINB 100000;

Miscellaneous

Switcher initializations:

APADDR 0; SWIAIN O;
APWRITE0; SWIAQOUT 0;
DELAY 0; SWIBIN 0;
ESE O; SWIBOUT 0;
SRE 0;
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Settling algorithm

DUSENABLE OFF;
DUSSHAPE 2,;
DUSTIMEOUT 4.;
POINTSMEAS 3;
POINTSDM 3;
POINTSDIN 1,
POINTSFREQ 3;
POINTSLEVEL 3;
POINTSPHASE 2;
RESTHD 7.E-5;
RESAMP 1.E-7,;
RESDCV 5.E-4;
RESDIN 1,
RESHZ 2.E-4;
RESIMD 3.E-5;
RESLEVEL 2.5E-5;
RESOHM 0.1,
RESDEG 0.5;
RESWF 2.E-4;
TRIGDELAY 3.E-2;
TOLTHD 3,
TOLAMP 1,
TOLDCO0.2
TOLDIN 0,;
TOLFREQ 0.5;
TOLIMD 3;;
TOLLEVEL 1,
TOLOHM 0.5;
TOLWF5,;
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DCX initializations:

DMMODE DCV;

DMRATE 6;

DMRUN ON;

DINRATE 32,

DINFORMAT TWOSCOMP,
DOUT 0;

DOUTFORMAT TWOSCOMP;
PORTA O;

PORTB 0;

PORTC 0;

PGMCA4 0,

PGMC6 OFF;

PGMC7 OFF;

PGMGATEDELAY 5.E-2;

RANGEDM 0.;
VDC10,;

VDC20,;

VDCI1ENABLE ON;
VDC2ENABLE ON;
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DSPinital settings:

CHI1IN ANLRA,; CH2IN ANLRB;
DITHERTYPE TRI; POINTSDSPO 3;
POINTSDSP1 3; POINTSDSP?2 3;
POINTSDSP3 3; DSPRATE 48KHZ,
INTYPEDSP ADC, LOADDSP NONE;
DSPOPSTATE SETUP; OUTCHDSP ON;
OUTTYPEDSP DAC,; RESDSPO 0.;
RESDSP1 0.; RESDSP2 0.;
RESDSP3 0.; SERIALMODE AESEBU,
SIZE 24; READINGPARAM;
TOLDSPO O, TOLDSP10,
TOLDSP2 0, TOLDSP3 0,

The above DSP settings represent the no program loaded state of the DSP
processor. If thereisaDSP program loaded, the program will re-start and all
settings will be initialized to the "LOADDSP xxx" default settings.

SEE ALSO

APRESET, APRESTORE, RST, LOADDSP
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*OPC -- trigger operation complete interrupt

SYNOPSIS

*OPC;

RETURNS

OPC?; returnsa 1 if al requested operations have finished; returns a 0 otherwise.

DESCRIPTION
The operation complete command waits for pending operations from previous
commands to finish, then sets the least significant bit in the Event Status Register

(ESR). Thiswill generate a service request if enabled by Event Status Enable
(ESE) and Service Request Enable (SRE).

SEE ALSO

ESE, ESR, SRE, STB?, WAI, Error Reporting
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RDYANY -- determine if any reading is available

SYNOPSIS

RDYANY;

RETURNS

Returnsa lif any reading is ready, O otherwise.

DESCRIPTION

This function determinesif any reading is ready from the Audio Precision
Interface Bus by reading a status bit. This bit is set by any module with areading
ready, thus allowing a single ready check to be made instead of polling everything
on the bus.

Once an "any ready" is found, the individual ready functions may be used to
determine which module has the reading available.

The status bit is reset by this function so that any given "ready" will be returned
only once.

SEE ALSO
RDYMEAS, RDYBPFREQ, RDYDM, RDYDIN, RDYFREQ, RDY GENFREQ),

RDYKEY, RDYLEVEL, RDYPHASE, RDYPOLARITY, RDYDUS,
RDYDSPO, RDYDSP1, RDYDSP2, RDY DSP3.
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*RST --initialize settings

SYNOPSIS

*RST;

DESCRIPTION

This function resets the instrument modules and initializes al settings to the
default power-on values. INIT and RST perform identically.

SEE ALSO

APRESET, APRESTORE, INIT, DSPRESET.
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SENDDUS -- make and return settled measurements

SYNOPSIS

SENDDUS;

RETURNS
the settled readings enabled by DUSENABLE, for example:

F 998.748;M 1.761E-3;L 0.99501,

DESCRIPTION

SENDDUS waits the amount of time specified by TRIGDELAY, then triggers the
analyzer, then waits until settling has occurred before returning any readings.

Since the analyzer hardware is capable of taking 4 measurements at once, the
DCX has 2 more, and the DSP has an additional four, the DUSENABLE
command indicates which measurements to use. Each settling processisrun
independently of the others, and no readings are returned until all of the requested
readings have settled or time-out occurs.

The unit for each of the returned values is the same as for the raw readings
functions, That is:

F FANA (Hertz)

M MEASURE

L LEVEL (Volts)

P PHASE or POLARITY (degrees)
DM  DMM (Vdc or Ohms)

DI DIN

DO DSPreading0

D1 DSPreading 1

D2 DSPreading 2

D3 DSPreading 3

The order of the readingsis as shown above.

TheF, M, and L readings are all taken from the selected input channel except
when the analyzer isin a2 channel mode. 2 channel mode causes the input
voltmeter and the frequency counter to be connected to the opposite channel. For
example, if channel "A" is selected (CHANNEL A;) and the analyzer
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FUNCTION isin one of the 2 channel modes (DUALAMPL, RATIO,
ABSXTALK, or XTALK), the input voltmeter and the frequency counter will be
connected to channel "B". (See FUNCTION for adescription of the 2 channel
modes.)

The comparison tolerances and resolutions are set the various TOLxxx and
RESxxx functions.

Thetime-out limit is set by DUSTIMEOUT. Any measurement that has not
settled by time-out will have the average of itslast 6 readings returned.

The ability to return polarity information instead of phase is controlled by the
DUSENABLE function. 1f DUSENABLE POL; is called, then polarity
information will be returned instead of phase.

Note: A special serviceis performed for phase measurements. Since the hardware
aliases every 360 degrees, SENDDUS compares its settled phase reading against
the settled phase reading returned during a previous call. If the difference is more
than 180 degrees, SENDDUS adds or subtracts 360 degrees from the reading in
an attempt to correct for that aliasing. This means that the phase reading can be
much more than 360 degrees. DUSPHASECLR resets this correction to 0, and
can be called before each SENDDUS to prevent any correction.

SEE ALSO

DUSENABLE, DUSCLR, DUSPHASECLR, DUSTIMEOUT, TRIGDELAY,
and the many TOLxxx, RESxxx and POINT Sxxx functions

FUNCTION (to set the main measurement mode.)

Settling algorithm description
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SET? -- return all instrument settings

SYNOPSIS

SET?,

RETURNS

alist of the System One settings; This exampleis after power on, no DSP
program is loaded:

AMPLITUDE 1.; APADDR 0; BPHZ 0.; BURINTERVAL 3; BURLEVEL
9.71628E-3; BURMODE NORMAL; BURON 1; CHANNEL A; CHANA
INPUT; CHANB INPUT; CH1IN ANLRA; CH2IN ANLRB; DETECTOR RMS;
DMMODE VDC; DMRATE 6; DMRUN ON; DINRATE 32; DINFORMAT
2SC; DOUT 0.; DOUTFORMAT 2SC; DUSENABLE OFF,DUSSHAPE 2.;
DUSTIMEOUT 4.; DITHERTYPE TRI; DSPOPSTATE SETUP; DSPRATE
48KHZ; ESE 48; FILTER 0; FREQUENCY 1000.; FREQAUTOCAL OFF;
FUNCTION VOLTS; GROUNDGEN OFF; GENBPOLARITY NORMAL;
GENCONFIG BAL; HIPASS 10.; IMFREQ 60.; INTYPEDSP ADC; LOPASS
500000; LOADDSP NONE; LOCKRANGE OFF; NOISE PSEUDO;
OUTPUTGEN OFF; OUTCHDSP ON; OUTTY PEDSP DAC; PORTA 0;
PORTB 0; PORTC 0; PGMCA4 0.; PGMC6 OFF; PGMC7 OFF,
PGMGATEDELAY 5.E-2; POINTSMEAS 3; POINTSDM 3; POINTSDIN 1;
POINTSFREQ 3; POINTSLEVEL 3; POINTSPHASE 2; POINTSDSPO 3;
POINTSDSP1 3; POINTSDSP2 3; POINTSDSP3 3; RANGEA 0.; RANGEB 0,
RANGEDM 0.; RANGEGAIN 0.; RANGEPHASE 0; RATE 4; RESTHD 7.E-5;
RESAMP 1.E-7; RESDCV 5.E-4; RESDIN 1.; RESHZ 2.E-4; RESIMD 3.E-5;
RESLEVEL 2.5E-5; RESOHM 0.1; RESDEG 0.5; RESWF 2.E-4; RESDSPO O.;
RESDSP1 0.; RESDSP2 0.; RESDSP3 0.; READINGPARAM 0, 0., 0., 0, 0; SRE
32; SWIAIN 0; SWIAOUT 0; SWIBIN 0; SWIBOUT 0; SERIALMODE
AESEBU; SIZE 24; TRIGDELAY 3.E-2; TOLTHD 3.; TOLAMP 1.; TOLDC
0.2; TOLDIN O.; TOLFREQ 0.5; TOLIMD 3.; TOLLEVEL 1.; TOLOHM 0.5;
TOLWES5.; TOLDSPO0.; TOLDSP10.; TOLDSP2 0.; TOLDSP3 0.; VDC1 0.
VDC20.; VDCI1ENABLE ON; VDC2ENABLE ON; WAVEFORM SINE;
WFFILTER WTD; ZOUTGEN 50.; ZINA 100000; ZINB 100000;
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DESCRIPTION

The SET command is useful for examining the state of System One. All the
present settings are returned except for FNEXT and RESPONSE.

The response from the SET? query may be saved and later sent back to the
System One to reproduce a given setup.
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*SRE -- service request enable

SYNOPSIS
*SRE valug; Integer "value" goes from O through
255.
RETURNS

SRE?; returns the setting of the service request enable register.

DESCRIPTION

The SRE command enables or disables service requests.

SRE 0; Disables all service requests.

SRE 16; Enables output available service requests.

SRE 32; Enables standard event service requests.

SRE 48; Enables both types of service requests.
SEE ALSO

CLS, ESE, ESR, STB?, Error Reporting
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*STB? -- return IEEE-488 status byte

SYNOPSIS

*STB?;

RETURNS

STB?returns the | EEE-488 status byte as an integer from 0 through 255.

DESCRIPTION

STB?isan alternative way to read the status byte instead of using the IEEE-488
serial poll.

Table of bitsin the Status Byte (STB)

Datal (always 0)
Data 2 (always 0)
Data4 DSP Processor statel
Data8 DSP Processor statel
Data 16 Output isAvailable
Data 32 A Standard Event has Occurred
Data64 This device issued a Service Request
Data128 (dways 0)
1 The DSP Processor stateis as follows:
Data8 Datad
0 0 Resting (Idle)
0 1 Waiting for trigger
1 0 Transforming data
1 1 Acquiring data

SEE ALSO

CLS, ERRMSG?, ESE, ESR, SRE, Error Reporting
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TIME? -- read the timer

SYNOPSIS

TIME?,

RETURNS

TIME?; returns the time in seconds since the last call to CLRTIME; for example:
3.05922;

DESCRIPTION

The timer function has a resolution of 241 microseconds and usable timing period
of 2730 days (7.47 years).

Note that because of other interrupts operating in the PC, do not expect accuracy
better than about 1 millisecond.

SEE ALSO

CLRTIME, DELAY, TRIGANA, TRIGDMM, TRIGDELAY, TRIGDIN,
TRIGGEN
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*TST -- self test

SYNOPSIS

*TST?,

RETURNS

0;

DESCRIPTION

TST may be used to verify that the GPIB command interpreter and output systems
are functional.
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*WA -- wait to continue

SYNOPSIS

*WAL;

DESCRIPTION
WAL suspends execution of subsequent commands until all previous operations

have completed. For the System One, WAI doesn't actually do anything - WAI
has been included in the command set to be compatible with other instruments.

SEE ALSO
OPC
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ANALOG GENERATOR HARDWARE REFERENCE

Analog Generator Block Diagram

The generator section title page has asimplified block diagram of the GEN1
generator with DUA-GEN module installed.

The basic sinewave frequency-generating circuit is a state-variable R-C oscillator.
Frequency range is selected in four ranges (10-204 Hz, 204-2040 Hz, 2.04 kHz-
20.4 kHz, and 20.4 kHz-204 kHz) by capacitor switching. Within each range,
fine frequency control is accomplished by a 13-bit word fed to two MDACs. The
MDACs function as variable resistors. Frequency range switching and fine
frequency control are managed by low-level software functions, so the
programmer only needs to specify the desired frequency as the argument of the
FREQUENCY command. A leveling circuit (not shown) around the oscillator
maintains its output constant at a calibrated value.

Frequency control of the oscillator may be accomplished in a standard mode with
fast settling (FREQAUTOCAL OFF) or in aslower mode with higher resolution
and accuracy (FREQAUTOCAL ON). The FREQAUTOCAL ON mode
performs a double calibration cycle, using a quartz-based frequency counter on
the GEN1 board, each time anew FREQUENCY command issent. This
calibration cycle requires less than 150 milliseconds above 50 Hz, increasing to
750 milliseconds at 10 Hz. With FREQAUTOCAL OFF, the frequency and
amplitude stabilize within 10 milliseconds plus afew cycles of the waveform. A
calibration cycle can be performed on demand at any time with the
FREQCALGEN command.

Amplitude control of the GEN1 is accomplished by the combination of another
13-bit MDAC immediately after the oscillator, a gain-switchable amplifier
following the MDAC, and precision passive attenuators following the output
transformer. Similar to the case of frequency control, low-level software
functions control those three areas and the programmer only needs specify the
desired amplitude viathe AMPLITUDE command. Amplitude is specified in
terms of open-circuit voltage (emf). If the selected GEN1 source impedance is not
negligible compared to the external load connected, the programmer must
accomplish the necessary computations in order to guarantee a specific voltage
value across a specific load resistance.

Generator Output Configuration

Both outputs may be off (OUTPUT OFF); output A only may be selected
(OUTPUT A); output B only may be selected (OUTPUT B); both outputs A and
B may be on and in phase (OUTPUT ON; GENBPOLARITY NORM); or both
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A and B may be on, but with output B inverted 180 degrees in phase relative to
output A (OUTPUT ON; GENBPOLARITY INV). Thislatter modeis used
during testing of multiplex stereo broadcast systems. The OFF condition will
produce lower residual signal and noise at both outputs than will be present at
the non-selected output in either the A mode or B mode.  When either or both
outputs are off or not selected, they are back-terminated in aresistance equal to
the selected source impedance. This permits noise and crosstalk measurements to
be made without the necessity of disconnecting cables or connecting termination
resistors to the input of the device under test.

Since the generator emf range is finite (approximately 10 uV to 26.6 Vrms
balanced, 10 uV to 13.3 Vrms unbalanced or common mode test configuration),
not all values of power can be delivered to any arbitrary value of load resistance.
The generator current delivery capability is aso finite (rated 115 mA peak
balanced, 230 mA peak unbalanced). If the generator is asked to deliver an
amount of power into alow load impedance which would exceed the current
rating, an overload indication will be obtained in response to the ILIMIT? query
command.

The generator output amplifier is transformer coupled to the output attenuator and
output connectors. The configuration may be selected as balanced, unbalanced, or
common-modetest. Pin 1 of the XLR and the sleeve of the phone jack are
connected to chassis ground at all times.
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Balanced Mode Output Configuration

GENCONFIG BAL mode (see figure above) provides a balanced signal from the
generator output transformer. Pin 2 of the XLR connector and the (+) banana jack
or the tip of the 3-conductor 1/4" phone jack are connected to the end of the
transformer secondary winding which isin phase with the MONITOR jack on the
generator auxiliary connector panel. Pin 3 of the XLR and the (-) bananajack or
the ring of the phone jack connect to the opposite end of the transformer
secondary. The transformer secondary center-tap connects to the COM banana
jack on the generator output connector panel.
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Unbalanced Mode Configuration

GENCONFIG UNBAL mode (see above) connects the high side of the
transformer secondary to pin 2 of the XLR and the phone jack tip or (+) banana
jack. The transformer secondary low side connectsto pin 3 of the XLR, thering
of the phone jack or (-) bananajack, and to the COM banana jack. Maximum
output amplitude in the UNBAL mode is one-half the maximum availablein BAL
mode, but the peak current available istwice that in BAL mode. At generator
frequencies below 20 kHz, the generator may be used in balanced mode with one
end of the output grounded if the highest output levels (above 13.3 Volts) are
needed in an unbalanced system.

Note that adapter cables from the XLR connectors to typical unbalanced
connectors such as RCA (Cinch) phono plugs or /4" or miniature phone plugs
must be wired from pins 2 and 3 of the XLR connector. Pin 2 of the XLR must be
connected to the center conductor of the plug and pin 3 of the XLR must be
connected to the shell of the phono plug or sleeve of the phone plug. A separate
ground wire from the ground connector on the GEN1 panel to chassis ground on
the device under test is also recommended. Using grounded mode
(GROUNDGEN ON) islikely to add noise through ground loops. When a stereo
deviceisto be driven, the A and B channel cables should be twisted together or
otherwise tightly dressed together to minimize hum coupling. Hum is a potential
problem in this configuration since a loop exists, created by the fact that the signal
common of both channelsis normally connected together at the device input and
also inside the GEN1 output.
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Common Mode Test Configuration

GENCONFIG CMR (common mode test) mode (see above) permits the
measurement of the common-mode rejection ratio (cmrr) of balanced-input
devices without any cable changes from the normal connections used for all other
tests. CMR mode connects the transformer secondary high side to the center-tap
of apair of precision matched resistors between pins 2 and 3 (+ and - banana
jacks, or tip and ring of the phone jack). The series resistance of the pair equals
the selected generator source resistance. The transformer low side must be
connected to ground at signal frequencies; for the majority of common mode
testing, thisis done by selecting the GROUNDGEN ON command. For cases
such as measuring the cmrr of microphone inputs which have a phantom power dc
voltage present, it may be preferable to select GROUNDGEN OFF and to
connect alarge capacitor between COMMON and GROUND connectors on the
GENZ1 connector panel. Thiswill prevent current flow from the phantom power
supply through the secondary of the GEN1 output transformer. The
GENCONFIG CMR; GROUNDGEN OFF connection could aso permit the
introduction of some other common mode signal in addition to the GEN1 output,
by connecting the other signal source between GEN1 COMMON and GROUND.
Since GENCONFIG CMR mode uses half the transformer secondary, as does
UNBAL mode, the maximum amplitude available is haf that availablein BAL
mode.

Generator Output Impedance

The source impedance selections available from GEN1 are 600 Ohms
(ZOUTGEN 600), 150 Ohms (ZOUTGEN 150), and 50 Ohms (ZOUTGEN 50)
in balanced (GENCONFIG BAL) and cmrr (GENCONFIG CMR) modes. In
unbalanced mode (GENCONFIG UNBAL), the 50 Ohm selection will give 25
Ohms and the 150 Ohm selection gives 80.2 Ohms. If the European broadcast
option version of hardware has been installed, the generator balanced impedances
are 600 Ohms, 200 Ohms, and less than 40 Ohms.

ANALOG GENERATOR HARDWARE 86



IEEE-488 Programmers Manual Programming Reference

Output Circuit Floating/Ground Selection

GROUNDGEN OFF mode opens al connections from System One's chassis
ground to any point on the generator output transformer secondary.
GROUNDGEN ON mode connects the COM banana jack (transformer center
tap when balanced, transformer low side when unbalanced) to chassis ground
through a one ampere fuse located on the GEN1 module circuit board.
GROUNDGEN ON mode is not normally recommended when driving

unbal anced devices due to the probability of ground loops. GROUNDGEN OFF
mode may be used in conjunction with a separate conductor connected between
the GEN1 COMMON connector and a ground on the device under test, for
optimum noise rejection.

Generator Parameter Interactions

The available range of amplitude and frequency are interdependent with one
another and with certain parameters of the output configuration. For example, the
maximum value of open-circuit voltage is not available over the entire frequency
range; the maximum open circuit voltage availablein GENCONFIG UNBAL or
GENCONFIG CMR modesis half that availablein BAL mode; the maximum
amplitude available in squarewave and noise modes is half that in sinewave
modes; the maximum available power before current limiting depends not only on
the frequency and balanced-unbalanced configuration, but on the generator source
impedance and the load resistance; some impedances change between BAL and
UNBAL. Error messages will report conflicts with maximum and minimum
amplitude and frequency.

Auxiliary Generator Connectors

The GEN1 Generator Module has two auxiliary outputs available at BNC
connectors on a separate front panel mounted below the main output connector
panel.

SYNC isaground-referenced squarewave suitable for driving LSTTL circuitry.
In sinewave modes, the SYNC signal is at the generator frequency. In SMPTE
IMD mode, the SYNC signal is at the low tone frequency. In CCIF IMD mode,
SYNC is at one-half the spacing of the two-tone pair. In DIM IMD mode, SYNC
isat the DIM squarewave frequency. In NOISE PSEUDO mode, a pulse at the
pseudorandom cycle repetition rate (approximately 4/sec) appears at the SYNC
connector. No signal is present in NOISE RANDOM modes. In BURMODE
NORMAL, BURMODE TRIG, and BURMODE GATE modes, the SYNC
signal follows the envelope of the output signal.

MONITOR is aso ground-referenced. It is afixed-amplitude (approximately 2.8
Volts peak-to-peak) version of the selected waveform. It will thus be a sinewave
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in SINE modes, the intermodulation test signal in IMD modes, anoise signal in
noise modes, aburst signal in burst modes, etc. Thissignal is, however, picked
off before the GEN1 OUTPUT ON-OFF control and will thus be present even
when the generator is turned off.

The panel also includes aBNC connector labeled TRIGGER/GATE input for
control of the triggered and gated sine burst modes of the BUR-GEN module.
See the BUR-GEN MODULE section for operational, timing, and logic level
details.
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BUR-GEN MODULE

Tone Burst Waveforms

The tone burst capability of the BUR-GEN module is obtained with the
WAVEFORM BURST command. It provides sinewave bursts which switch
between normal amplitude (set by AMPLITUDE command) and alower
amplitude (set relative to AMPLITUDE by the BURLEVEL command).
Switching between these levels always occurs at a positive-going zero crossing.
The duration of aburst (BURON command) and interval between bursts
(BURINTERVAL command) are also controllable. The sinewave is produced by
the GEN1 oscillator. Thus, its frequency is determined by the FREQUENCY
command to the GEN1. In addition to the free-running, repetitive mode of
BURMODE NORMAL, bursts may be either externally triggered (BURMODE
TRIG) or the signa may be gated on and off (BURMODE GATE) by an external
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Burst Amplituse and Time Calibration
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Triggered Bursts

In triggered operation (BURMODE TRIG), one burst of the specified duration
will be generated for each trigger presented to the TRIGGER/GATE input. This
input isa BNC connector on the lower |eft front panel section of System One (the
generator auxiliary signal panel) and isLSTTL compatible, unless the unit
includes a DSP, then the BNC connector will be located on the rear of the
instrument. The trigger should be asignal which isnormally at alogic high level
but pulseslow for at |east one microsecond to trigger aburst. The burst will be
triggered by the positive-going (trailing) edge of such asignal. If the
TRIGGER/GATE input signal remains at the logic high level after triggering the
burst and between bursts, the burst duration will be as commanded by the
BURON command. After the burst, the generator output amplitude will remain
at the BURLEVEL vaue until the next trigger. 1f the TRIGGER/GATE input
dropsto the low logic level during aburst, it will gate the signal off (terminate the
burst prematurely) at the next positive-going zero crossing of the sinewave.

BURST
| o b

0

TRIGGERED SINE
Timing Relationships, Triggered Bursts

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

Gated operation (BURMODE GATE mode) allows an externa signal at the
TRIGGER/GATE connector to control whether the generator output amplitudeis
at the upper (AMPLITUDE command) value or lower (BURLEVEL command)
value. Positive, LSTTL-compatible logic conventions are used. Thus, the
sinewave amplitude will be at the AMPLITUDE level when the input is high and
at the BURLEVEL when theinput islow. When no external deviceis connected,
the TRIGGER/GATE input 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. Note that the TRIGGER/GATE input connector
isfunctional inthe BURMODE NORMAL, BURMODE GATE, and
BURMODE TRIG modes. If thiscontrol input is pulled to alogic low condition,
it will gate the signal to the BURLEVEL amplitude even during internally-
controlled burst mode or during an externally-triggered burst.

GATED SINE

Timing Relationships, Gated Bursts

Squarewaves

Sending the WAVEFORM SQUARE command will produce squarewaves from
the generator output when the BUR-GEN moduleisinstaled. The squarewaveis
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calibrated in peak equivalent sinewave terms. Thus, a squarewave with an
AMPLITUDE vaue of 1.000 Vrmswill produce a2.828 V peak-to-peak signal.
The maximum available amplitude of the squarewave is limited to half the
amplitude selectable in sinewave mode. The frequency range for squarewavesis
from 20 Hz to 20 kHz. Note that the GENCONFIG BAL/UNBAL selection
must match the external load. Connecting to an unbalanced load from the BAL
output configuration will produce distorted squarewaves.

Noise Waveforms

Severa varieties of noise waveforms are available from the BUR-GEN option
when WAVEFORM PINK, WHITE, BPNOISE, or USASI are selected.

White Noise

WAVEFORM WHITE selects white noise mode. This mode is bandwidth
limited to 22 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 aflat energy characteristic versus frequency (up
to the bandwidth limitation). Analysiswith a constant-percentage-bandwidth
(constant Q) filter such as System Ones BPASS mode or most real-time
analyzers will show arising characteristic versus frequency, at the rate of 3 dB
per octave.

Pink Noise

WAVEFORM PINK selects pink noise mode. Pink noise is characterized by
egual noise energy per fractiona 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 System Ones BPASS mode and most
real-time audio analyzers will show aflat characteristic with frequency. A
constant bandwidth spectrum analyzer such as a superheterodyne or FFT analyzer
will display pink noise as having afall-off with increasing frequency, at the rate
of 3 dB per octave. The BUR-GEN's pink noiseis 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 sounds are perceived on approximately a
constant bandwidth basis. When checking response of devices such as multiway
loudspeaker systems, pink noise will supply more equal levelsto low, midrange,
and high frequency drivers than will white noise.
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Bandpass Noise

WAVEFORM BPNOISE mode selects the pink noise mode, but further
processes the noise by passing it through a 1/3 octave tunable bandpass filter
whose center frequency is controlled by the FREQUENCY command to the
GENZ1. Thisfilter is, in fact, the basic state-variable oscillator circuit of GEN1,
used as a bandpassfilter. Thefilter center frequency can thus be tuned from 10
Hz to 204 kHz.

USASI Noise

A specific spectral distribution of noise has been defined by the United States of
America Standards Institute (USASI). This noise distribution consists of white
noise filtered to peak at approximately 200 Hz, with 6 dB per octave falloff below
100 Hz and above 320 Hz. This shape was chosen to simulate long-term average
spectra of typica audio program material.

USASI noise can be generated by the BUR-GEN module. Noise pulsed between
two amplitudes can even more fully simulate program material. Pulsing USASI
noise at a 2.5 Hz repetition rate with a 12.5% duty cycle and a 20 dB peak-to-
average ratio has been selected as a standard test signal. Thissignal is used, along
with RF spectrum analyzer measurements, to determine the occupied bandwidth
of broadcast stations while signal processing devices and filters are adjusted.
Since System One's burst mode lower level amplitude calibration isin terms of
ratio of peak calibrated level to peak of the lower level, avaue of --9 dB
(BURLEVEL 36) isrequired to produce the 20 dB peak-to-average for pulsed
USASI noise. To obtain this pulsed USASI noise, select WAVEFORM USASI;
NOISE PSEUDO; FREQUENCY 50000 (or higher) as the generator
frequency, BURINTERVAL 33500 cycles, BURON 4188 cycles, and
BURLEVEL 36 (burst lower level 36% or --9 dB).

Pseudo and Random Noise

The NOISE PSEUDO mode produces 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 mode never repeats.

Readings made using RANDOM mode will not be stable at any reading rate. The
noise spectrum in the RANDOM mode will have energy at al frequencies within
its specified bandwidth; that is, the spectral lineswill be infinitesimally closely
spaced. In NOISE PSEUDO mode, the spectral lines will be spaced at the
repetition rate of the pseudorandom cycle, or approximately every 4 Hz from 4 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 islimited, it does not help to have anoise signal which repeats less often.
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Amplitude calibration in the NOISE PSEUDO mode isin terms of equivalent
sinewave peak, as with other complex waveforms such as intermodul ation test
signals and squarewaves. The NOISE PSEUDO mode of the BUR-GEN has a
crest factor (ratio of peak to rms) of 4:1 (12 dB). Since asinewave has acrest
factor of 1.414:1 (3 dB), the rms value of the NOISE PSEUDO waveform at any
given AMPLITUDE setting will be 9 dB less than that of asinewave at the same
AMPLITUDE. Inthe NOISE RANDOM mode, amplitude calibration isto
approximately the same rmsvalue asin PSEUDO mode. The result isthat in
NOISE RANDOM mode, occasional noise peaks may exceed the peak-to-peak
value of asinewave of the same AMPLITUDE. Whilethe theoretical crest factor
in RANDOM modeisinfinite, a4:1 crest factor will be exceeded only 0.01% of
thetime. The maximum available AMPLITUDE setting in the noise modesis
half that of the sinewave modes.
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INTERMODULATION DISTORTION

With the IMD-GEN and IMD-DIS options installed, System One can perform
stimulus-response i ntermodul ation distortion measurements by three different
techniques. SMPTE/DIN, CCIF (twin-tone or difference tone), and DIM/TIM.

SMPTE/DIN

The SMPTE and DIN methods use asignal consisting of a low-frequency tone
and a high-frequency tone, usually at an amplitude ratio of 4 to 1 (low frequency
to high frequency). Non-linearity in the device under test will cause amplitude
modulation of the high-frequency tone by the low frequency tone. The System
One analyzer treats the high-frequency tone plus sidebands as an amplitude-
modulated signal, appliesit to an amplitude modulation detector, measures the
amplitude of the recovered sidebands, and expresses it relative to the amplitude of
the high frequency "carrier” signal. The SMPTE standard specifiesa 60 Hz low
frequency tonein a4:1 amplitude ratio with a 7 kHz high frequency tone. DIN
allows severa choices of tone frequency selection; 250 Hz and 8 kHz are the most
popular.

If the IMD-DIS option is present and selected in FUNCTION SMPTE mode, the
signal in the analyzer flows through a 2 kHz high pass filter to remove the low
frequency tone. It isthen demodulated by an amplitude modulation detector and
the output is processed by alow-pass filter to remove any residual high frequency
tone. If the BP/BR filter frequency selection is automatic (BPHZ 0), the DIS
filter is configured as a band reject filter and positioned to increase rejection of
the high frequency tone. If the BP/BR filter isfixed (BPHZ followed by avalue
from 10 to 204000), the filter is configured as a bandpass and can select
individual intermodulation products.

System One aso permits "SMPTE-like" tests with user-selected frequencies and
amplitude ratios. The System One IMD generator provides seven choices for the
"If" tone (IMFREQ command), two choices of amplitude ratio (WAVEFORM
SMPTE1 and SMPTE4), and allows the "hf" tone to be set anywhere within the
range of the generator viathe FREQUENCY command. The "hf" tone could
thus be set even lower in frequency than the "If" tone, but the IMD analyzer
cannot analyze such asignal. The System One analyzer can accurately analyze
SMPTE-like signals only when the high frequency toneis at 3.0 kHz or above.
The analyzer can measure IMD signals with amplitude ratios from 0:1 (no low
frequency tone present, thus measuring only incidental amplitude modulation of
high frequency tone) to at least 8:1, with IMD products (sidebands) between 40
Hz and 500 Hz around high-frequency tones (carriers) between 3 kHz and 200
kHz. The -3 dB analysis bandwidth after the am detector is 30 Hz to 700 Hz; if it
is desired that the measurement be sensitive to both second and third order IM
products, the generator IM frequency should not be set above 250 Hz so that the
third order product will fall within the analysis band.
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CCIF

The CCIF or difference frequency method applies a stimulus of two closely-
spaced equal amplitude tonesto a device under test. Non-linearitiesin the d.u.t.
will result in avariety of IMD products. The System One analyzer measures the
amplitude of only the second order difference tone (the low-frequency product
existing at afrequency equal to the spacing between the two stimulus tones). The
System One generator provides seven choices of tone spacing. The IMFREQ
command selects the frequency spacing of a pair of tones spaced symmetrically
about the main generator carrier FREQUENCY. The main generator amplitude
issuppressed. The System One IMD analyzer properly measures the amplitude of
the difference tone produced when the frequency of the lower of the two-tone pair
is between 4 kHz and 200 kHz, with tone spacing of 80 Hz to 1 kHz.

In CCIF and DIM IMD modes, the signal arrives after input signal conditioning is
fed to a16-pole 2.45 kHz eliptical low passfilter. In CCIF mode, the BPASS
filter is cascaded with the output of the IMD board. This bandpass filter will be
automatically tuned to the CCIF difference frequency, as measured by the
frequency counter (FANA) when in CCIF analysis mode.

DIM/TIM

The DIM or TIM test method provided by System One combines a square wave at
3.15 kHz (WAVEFORM DIM100 or DIM30) or 2.96 kHz (WAVEFORM
DIMB) in a4:1 pk-pk amplitude ratio with asine wave "probe tone". The
IMFREQ command has no effect in DIM mode. The square wave is bandwidth
limited by a single-pole low-passfilter at either 100 kHz (DIM100) or 30 kHz
(DIM30 or DIMB). The probe tone may be generated at any frequency setting of
the main generator. The analyzer measures the amplitude of any resulting
products falling between 750 Hz and 2.4 kHz. A probetone of 15.0 kHz is
recommended for the DIM30 or DIM100 tests, since thiswill produce afifth-
order (odd) product at 2.40 kHz (15.0 kHz4*3.15 kHz) and a sixth-order (even)
product at 750 Hz (5*3.15 kHz15.0 kHz). The test thus produces asingle
measurement which has approximately equal sensitivity to odd and even order
slewing nonlinearities. Similarly, a 14 kHz probe tone is recommended for the
DIMB test for the same reason. The DIMB test has been recommended for fm
radio and tv audio testing because of their 15 kHz bandwidth limitations.

Amplitude calibration in al IMD waveformsisin sinewave peak equivalent
terms; for example, selecting an AMPLITUDE of 1.000 Volt will result in the
complex IMD signal having the same 2.828 Volt peak-to-peak amplitude that a
1.000 Volt sinewave has. Clipping in adevice under test will thus occur at the
same generator amplitude for THD+N and IMD modes.
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Bandpass Filter in IMD Modes

In most IMD testing, use the BPHZ 0 command to automatically tune the
bandpass filter to the difference frequency tone in CCIF mode, or position it asa
band reject filter to assist stopband attenuation in the SMPTE and DIM modes.
For some applicationsin SMPTE and DIM testing, however, it is useful to fix the
filter as a bandpass at certain frequencies for further information on the distortion
products and to obtain lower residual noise contribution.

In SMPTE testing, the bandpass filter can be used to discriminate between the
even and odd order products. Assuming the stimulus to include a60 Hz signal as
the "If" tone, the BP/BR filter frequency can be set to 60 Hz (BPHZ 60); the
reading will then consist essentially of the second order product (hf tone plus
or minus If tone). If the BPHZ command is 120 Hz when the signal has a 60
Hz low frequency component, the reading will consist essentially of the third
order product (hf toneplus or minus 2 * If tone). The bandpass filter
rejection is approximately 32 dB at half and twice its center frequency.

Similarly, the filter can be used in DIM testing to discriminate between the fifth
order (odd) and sixth order (even) products. With the recommended 15.0 kHz
probe tone in DIM100 and DIM30 tests, the BP/BR filter frequency can be set to
2.40 kHz to produce a reading of only the fifth order product, and to 750 Hz to
measure only the sixth order product. For the DIMB test with the recommended
14.00 kHz probe tone, the correct frequencies are 2.16 kHz for the fifth order
product and 800 Hz for the sixth order.

Amplitude Measurements of IMD Signals

Since IMD signals consist of two or more tones, they are non-sinusoidal by
definition. Asnoted earlier in this section, System One's generator amplitude
calibration for all IMD signalsisin terms of sinewave peak equivalent amplitude.
A generator amplitude selection of 1.000 Volt amplitude will thus produce an
IMD waveform of 2.828 Volts peak-to-peak, the same peak-to-peak as a sinewave
with a1.000 Volt rms amplitude. When amplitude measurements are to be made
of intermodulation signals, the DETECTOR S_PK should be used. This
selection actually uses the Peak detector hardware but multiplies the measurement
by 0.707 before returning the value, providing the sine-equivalent value of an

IMD or other complex waveform.
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WOW AND FLUTTER

Theory of Operation, Wow and flutter

When the Wow and Flutter option is present and selected (FUNCTION WF), the
signal after conditioning isfed to either a 2.4 kHz-4.0 kHz bandpass for normal
wow and flutter modes or to a4 kHz-20 kHz bandpass filter for the "HF" (high
frequency) modes. The output of the selected bandpass filter is fed to afrequency
modulation discriminator. The discriminator output may be fed through a wow
and flutter weighting filter or fed directly to alow-frequency-optimized detector
on the W& F board. The dc output of this detector is then selected instead of one
of the LVF detectors by the FUNCTION WF command.

Wow and flutter is the undesirable frequency modulation of an audio signal due to
instantaneous speed variations caused by mechanical imperfectionsin arecording
and playback mechanism such as a tape recorder or turntable. Wow and flutter
measurements are usually made with atest tape or disk having a pre-recorded
tone that is assumed to contain very little residual FM. The reproduced toneis
bandpass filtered to limit potential wideband interference and is fed into an FM
discriminator. The output of the discriminator is an ac signal whose amplitudeis
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 responseis centered at about 4 Hz (WFFILTER
WTD or WFFILTER WTDHF commands). The purpose of the weighting filter
isto produce numerical results which parallel the human ear's sensitivity to
different frequency components of wow and flutter. Unweighted measurements
simply bypass the weighting filter ( WFFILTER UNWTD or WFFILTER
UNWTDHF). Selecting WTD (weighted) or UNWTD (unweighted) will instruct
the analyzer to assume atest tone or "carrier" frequency in the 2.8 kHz to 3.3 kHz
band. To prevent the possibility of grossly inaccurate readings, an overrange
indication will be given if the signal from the reproducing machine falls outside
the 2.7 kHz to 3.4 kHz band.

Measurement Standards

Four major standards exist for the measurement of wow and flutter: IEC, DIN,
NAB, and JS. All recommend the measurement of weighted frequency
modulation of atest 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 JI'S 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. These three standards are selected by the
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commands DETECTOR NAB (RMS), DETECTOR JIS (AVG), DETECTOR
IEC or DETECTOR DIN (QPK).

The flat or unweighted bandwidth of the NAB and J S 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 asidlers,
wheels, capstans, pulleys, or motors. IEC/DIN recommends a0.2 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 Audio Precision System One 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 and High Band Measurements

Freguency modulation in tape recorders can also be caused by frictional effects of
the tape dliding 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 productsto 5 kHz without aliasing. To
achieve this extended performance, System One utilizes the HIGH BAND flutter
measurement technique developed by Dale Manguen 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 which have frequency
response to 18 kHz. System One also permits operation at test tone frequencies
down to 10 kHz with someincrease in alias errors, for recorders such as consumer
V CRs which have more limited high-frequency response.

Scrape flutter is normally measured with average detection-rms calibrated NAB
characteristics (FUNCTION WF;DETECTOR NAB). Measurement bandwidth
in HIGH BAND mode is selectable over four bandwidths: 4 Hz bandpass
(WFFILTER WTDHF), 0.5-200 Hz (WFFILTER UNWTDHF), 200 Hz-5 kHz
(WFFILTER SCRAPE), and 0.5 Hz-5 kHz (WFFILTER WIDE). For a
typical professional recorder which incorporatesa 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 yield near-identical readingsif both are weighted or both are unweighted.
The only change with the HIGH BAND mode is the extended measurement
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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.

The four high band selections (WFFILTER WTDHF, UNWTDHF, SCRAPE,
and WIDE) instruct the analyzer to assume a nominal test tone or "carrier"
frequency of 12.5 kHz. An overrange indication will be given if the signal drops
below 7.5 kHz or exceeds 14 kHz. WIDE selects the full bandwidth of the
anayzer, extending from 0.5 Hz to approximately 5 kHz (typicaly -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. Lower frequency test tones will exhibit
degraded bandwidth and aliasing for FM products above half frequency.
SCRAPE selects a 200 Hz to 5 kHz analysis bandwidth, and UNWTDHF selects
a 0.5 Hz to 200 Hz bandwidth allowing relative comparisons between the scrape
flutter and/or servo harmonic products versus rotational products. WTDHF
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 System One should be disabled via the RANGEA or RANGEB
command. Tapes can exhibit momentary dropouts that might trigger ranging,
causing a severe transient in the wow and flutter measurement. The input range
should be fixed on the range appropriate for the maximum expected input level.
The analyzer has been designed to handle signals over a 30 dB window, giving
ample margin with afixed input range.

The Audio Precision System One wow and flutter analyzer permits wow and
flutter measurements up to 1.0% or more using a 3 kHz or 3.15 kHz test tone, and
2.5% using a12.5 kHz test tone. A measurement of 0.5% represents an almost
unlistenable level of wow and flutter. All measurements are madein asingle
range to avoid the long autoranging times of other analyzers that can be triggered
by occasional tape dropouts. Measurement resolution is typically 0.0003% using
a3.0 kHz or 3.15 kHz test tone and 0.001% using a 12.5 kHz tone.

The NAB flutter standard specifies that testing shall be made while reproducing a
"flutter free" test tape. The flutter value is the average value of the peaks of the
readings, excluding random peaks which do not recur more than three timesin
any 10-second period. Make readings at random intervals throughout the length
of the test reel, splicing segments of the test tape into afull reel if necessary to test
beginning, midreel, and end performance. To randomize the phase of the various
flutter components, stop the tape between readings and turn each roller and idler
dlightly by hand.

The |EC flutter standard specifies that testing shall use a tape which has been

recorded on the machine undergoing test. Do not conduct tests during
simultaneous record/playback mode! The time delay caused by the physical
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spacing of the record and playback heads will cancel flutter components at
frequencies given by the following expression:

Flutter Frequency =N * (Tape speed) / (gap-to-gap distance)
= N/ Time delay between heads
N=1,2 3.

Although the standards indicate that only a single value of flutter is necessary,
mai ntenance objectives are optimized by keeping written records of transport
performance at the beginning, middle, and end of the tape reel.

The NAB technique of reading a flutter-free tape in playback with an average-
responding meter is an optimistic method. The IEC technique of record-playback
with peak response yields readings which range from 1.5 to 3 times higher than
the NAB values. The selected method isimportant only when comparing with the
manufacturer's specifications. For normal maintenance, consistency from test to
test is more important than the absolute method.

From a practical standpoint, the NAB method of using a standard test tape on
reel-to-reel machinesis very convenient, but some high-quality machines have
flutter levels which are near or below the residual flutter in the test tape. If the
flutter readings obtained from the test tape are higher than those obtained using
record-playback, the test tape has more flutter than the tape machine. Use the test
tape only if it yields lower readings.
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ANALOG GENERATOR COMMANDS

The example arguments are the power on settings and are explained in
parenthesis.

AMPLITUDE 1.; -- set generator amplitude (1 volt)
BURINTERVAL 3; -- set generator burst interval (3 cycles)

BURLEVEL 9.71628E-3; -- set burst off level relative to AMPLITUDE
(0.0097 % = -80 dB)

BURMODE NORMAL,; -- set generator burst mode (repeating bursts)
BURON 1, -- set generator burst on cycles (1 cycle)

EXISTGEN?, -- is generator hardware connected?

FGEN?, -- read generator frequency

FREQAUTOCAL OFF; -- set auto frequency calibration (fast)
FREQCALGEN; -- calibrate generator frequency once

FREQUENCY 1000.; -- set generator frequency (1 kHz)

GENBPOLARITY NORMAL; -- invert output B polarity (non-inverting)
GENCONFIG BAL; -- balanced, unbalanced or common mode output (balanced)
GENSETL?, -- read generator settling status

GENSTAT?, -- read generator status byte

GENSYNC?; -- read the generator sync signal

GROUNDGEN OFF; -- ground or float generator outputs (floating)

ILIMIT?, -- read generator current limit status

IMFREQ 60.; -- set generator intermodul ation frequency (60 Hz)

NOISE PSEUDQO; -- select random or pseudo-random noise (pseudo-random)
OUTPUTGEN OFF; -- set generator output on or off (both channels off)
RDY GENFREQ?, -- is agenerator frequency reading ready?

TRIGGEN 0.03; -- delay (30 millisec) & trigger gen frequency reading
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WAVEFORM SINE; -- set generator waveform (sine wave)

ZOUTGEN 50.; -- set generator output impedance (50 Ohms)
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AMPLITUDE -- set generator amplitude

SYNOPSIS
AMPLITUDE volts; "volts' isin "PEAK EQUIVALENT
RMSVOLTS". (see below)
INITIAL STATE

Amplitude 1.0; isset by INIT and RST.

RETURNS

AMPLITUDE?, returns the generator amplitude setting

DESCRIPTION

This function sets the generator output amplitude in "PEAK EQUIVALENT RMS
VOLTS" to ensure that a change in waveform will not clip the device under test.
Any generator waveform will have the same peak voltage as the sine waveform,
whichissetin RMS Volts.

Because of amplitude limitations and digital quantization, that actual amplitude
set may not be exactly what was requested. The returned amplitude is the actual
amplitude setting.

If the requested amplitude exceeds hardware limitations, an error code is set.

20Hz - 50 kHz <25 uV - 26.66 Vrms 115 mA peak current

10 Hz - 204 kHz <25uV - 13.33Vrms

Note: divide maximum voltage by 2 and double current for UNBAL, CMR,
SQUARE, or NOISE.

ERRMSG 3, "CONFLICT WITH MINIMUM AMPLITUDE"
ERRMSG 4, "CONFLICT WITH MAXIMUM AMPLITUDE"

SEE ALSO

ERRMSG?, FREQUENCY, GENCONFIG
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BURINTERVAL -- set generator burst interval

SYNOPSIS

BURINTERVAL cycles; "cycles' may be from 2 to 65535

INITIAL STATE

BURINTERVAL 3; isset by INIT or RST.

RETURNS

BURINTERVAL? returns the burst interval setting

DESCRIPTION
This function sets the number of cycles for the burst interval, which is the sum of
the on and off cycles. This number must be greater than the number of BURON
cycles, otherwise the interval isnot changed and the error code is set.
ERRMSG 15, "BURST INTERVAL MUST BE GREATER THAN BURST ON"
To avoid this conflict, set BURON to alower value before decreasing

BURINTERVAL. Note that thiserror will never occur when increasing
BURINTERVAL.

CAUTIONS

The BUR-GEN hardware option isrequired for any of the burst functions.

SEE ALSO

BURON, BURMODE, BURLEVEL, ERRMSG?
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BURLEVEL -- set generator burst off level

SYNOPSIS

BURLEVEL percent; "percent” is burst off level in percent

INITIAL STATE

BURLEVEL 0.009716280; (-80.25 dB) is set by INIT or RST

RETURNS

BURLEVEL? returns the actual burst off level percentage.

DESCRIPTION
This function sets the amplitude of the generator during the burst 'off' time. This
is as a percentage of the 'on' amplitude and may range from 100.0 percent to
.009716280 percent (-80.25 dB).

If the requested percentage exceeds hardware limitations, an error codeis set and
the hardware is not changed.

ERRMSG 3, "CONFLICT WITH MINIMUM AMPLITUDE"
ERRMSG 4, "CONFLICT WITH MAXIMUM AMPLITUDE"
CAUTIONS

The BUR-GEN hardware option is required for any of the burst functions.

SEE ALSO

BURINTERVAL, BURON, BURMODE, ERRMSG?
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BURMODE -- set generator burst mode

SYNOPSIS

BURMODE NORMAL;
BURMODE GATE;
BURMODE TRIG;

INITIAL STATE

BURMODE NORMAL;

RETURNS

BURMODE? returns the burst mode setting.

DESCRIPTION

Normal burst continuously outputs a burst of N cycles every M cycleswhere N is
the 'on time' as set by BURON and M istheinterval set by BURINTERVAL.

Gated burst ignores normal interval and on time settings. The output remains at
normal amplitude as long as the TRIGGER/GATE INPUT on the generator
auxiliary signals panel is held high, and at the programmed off level when the
input islow.

Triggered burst outputs a single burst of N cycles when the TRIGGER/GATE
INPUT is changed from low to high, where N is the number of cycles set by
BURON.

CAUTIONS

The BUR-GEN hardware option isrequired for any of the burst functions.

SEE ALSO
BURINTERVAL, BURON, BURLEVEL
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BURON -- set generator burst on cycles

SYNOPSIS
BURON cycles; "cycles' isthe burst on timein
cycles
INITIAL STATE

BURON 1, isset by INIT or RST

RETURNS

BURON? returns the burst on setting

DESCRIPTION
This function sets the number of cycles for the burst on time. This number may
be from 1 to 65534 cycles and must be less than the number of interval cycles. If
the number of cycles attempted is not less than the interval cycles, theontimeis
not changed and the error code is set.
ERRMSG 15, "BURST INTERVAL MUST BE GREATER THAN BURST ON"
To avoid this conflict, set BURINTERVAL to ahigher value before increasing

BURON. Note that this conflict will never occur when decreasing the BURON
value.

CAUTIONS

The BUR-GEN hardware option is required for any of the burst functions.

SEE ALSO

BURINTERVAL, BURLEVEL, BURMODE, ERRMSG?
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EXISTANA? -- Is the analyzer hardware connected?
EXISTDCX? -- Is the DCX hardware connected?
EXISTDSP? -- Is DSP hardware connected?
EXISTGEN? -- Is generator hardware connected?
EXISTSWI? -- Is switcher hardware connected?

SYNOPSIS
EXISTANA?,
EXISTDCX?;
EXISTDSP?,

EXISTGEN?,
EXISTSWI?,

RETURNS

Returnsal if the module exists, O otherwise.

DESCRIPTION
These functions determine if the hardware module is connected and powered on.

The existence statusis updated each time APRESTORE or INIT or RST iscalled.
This function returns that status.

It is good practice to check that SY STEM ONE is properly connected and
powered on before beginning atest procedure.

If the hardware is found not to exist (but should), prompt the operator to remedy
the situation, then call APRESTORE before calling EXIST again.

SEE ALSO

APRESTORE, INIT, RST
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FGEN? -- read generator frequency;

SYNOPSIS

FGEN?,

RETURNS
frequency reading from generator in Hertz
-1.E+34; isreturned if there is a hardware error encountered. This should

normally not occur for this function, and may indicate that the hardware is
disconnected or not powered on.

DESCRIPTION
This function reads the frequency from the generator's frequency counter.

If the generator's frequency counter has not been triggered, this function will
automatically do atrigger. (see TRIGGEN)

If atrigger was made previoudly to this function, the reading from that trigger will
be returned.

Note that any given reading will be returned only once.

SEE ALSO

FREQAUTOCAL, FREQCALGEN, FREQUENCY, FANA?, TRIGGEN
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FNEXT -- set analog generator, bphz and response frequency

SYNOPSIS
FNEXT hertz; "hertz" isthe value of frequency in
Hertz
INITIAL STATE

FNEXT 1000.; isset by INIT or RST.

RETURNS

FNEXT?; returns the setting in Hertz.

DESCRIPTION

FNEXT sets the analog generator frequency, the analog analyzer
bandpass/bandreect frequency and the analog analyzer response frequency.
FNEXT isfaster than calling FREQUENCY, BPHZ and RESPONSE during

distortion sweeps.

FNEXT does not appear in the SET? response since the information is available
from FREQUENCY, BPHZ and RATE.

SEE ALSO
FREQUENCY, BPHZ, RATE, RESPONSE
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FREQAUTOCAL -- enable generator frequency calibration

SYNOPSIS

FREQAUTOCAL ON;
FREQAUTOCAL OFF,;

INITIAL STATE

FREQAUTOCAL OFF; isset by INIT or RST.

RETURNS

FREQAUTOCAL?; returns FREQAUTOCAL ON; or FREQAUTOCAL OFF,;

DESCRIPTION

This function causes the generator to automatically perform afrequency
calibration cycle each time the generator's frequency is set.

Thisisidentical to caling FREQCALGEN after each call to FREQUENCY
except that FREQ? will return the exact frequency passed if autocal is enabled.

Note that this function does not cause an immediate frequency calibration. The
calibration will be done at the next call to FREQUENCY .

SEE ALSO

FREQUENCY, FREQCALGEN
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FREQCALGEN -- calibrate generator frequency once

SYNOPSIS
FREQCALGEN;

DESCRIPTION

This function reads the generator's on-board frequency counter, then fine tunesto
correct for any error found.

The frequency last set by FREQUENCY is used as the target frequency for
calibration.

SEE ALSO

FREQUENCY, FREQAUTOCAL, FGEN?
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FREQUENCY -- set generator frequency

SYNOPSIS
FREQUENCY hertz; "hertz" isthe value of frequency in
Hertz between 10 Hz and 204 kHz
INITIAL STATE

FREQUENCY 1000.; isset by INIT or RST.

RETURNS

This function returns the actual frequency the generator is set to in Hertz.

DESCRIPTION
This function sets the generator frequency.

If autocal (see FREQAUTOCAL) isturned off, the closest available frequency
setting is made and returned.

If autocal is on then the frequency is set, a frequency measurement is made and
then the frequency is fine tuned. Note that the calibration cycle adds to the time
required to set the frequency.

The exact frequency passed to this function will be stored in memory to be used if
acall to FREQCALGEN is made.

Because of frequency limitations and digital quantization, the actual frequency set
may not be exactly what was requested. FREQUENCY ?; returns the actual
frequency setting.

CAUTIONS

It ispossible for this function to issue an amplitude error since the maximum
allowable amplitude changes with frequency.
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ERRMSG 3, "CONFLICT WITH MINIMUM AMPLITUDE"

ERRMSG 4, "CONFLICT WITH MAXIMUM AMPLITUDE"

ERRMSG 5, "CONFLICT WITH MINIMUM FREQUENCY™

ERRMSG 6, "CONFLICT WITH MAXIMUM FREQUENCY"
SEE ALSO

FNEXT, FREQAUTOCAL, FREQCALGEN, IMFREQ, BPHZ, HIPASS,
LOPASS, RESPONSE for other frequency settings

FANA?, FBP? FGEN?, SEND? for measurements
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GENBPOLARITY -- invert generator output B polarity

SYNOPSIS

GENBPOLARITY NORMAL,;
GENBPOLARITY INV;

INITIAL STATE

GENBPOLARITY NORMAL,; isset by INIT or RST.

RETURNS

GENBPOLARITY ?returns GENBPOLARITY NORMAL; or GENBPOLARITY
INV;.

DESCRIPTION

This function sets output B to normal polarity (in phase with channel A) or
inverted polarity (180 degrees out of phase with channel A).

SEE ALSO

OUTPUTGEN
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GENCONFIG -- balanced, unbalanced or common mode output

SYNOPSIS
GENCONFIG BAL,;

GENCONFIG CMR;
GENCONFIG UNBAL,;

INITIAL STATE

GENCONFIG BAL; isset by INIT or RST.

RETURNS

GENCONFIG? returns the generator output configuration.

DESCRIPTION

This function sets both generator outputs to a balanced, unbalanced, or common
mode rejection test configuration.

CMR drives both generator output pins from the same signal with respect to the
common. For CMR, GROUNDGEN should normally be ON.

Note that the output impedance may change between balanced and unbal anced.
(see ZOUTGEN).

The maximum allowable amplitude for unbalanced or common mode is half that
for the balanced configuration, so it is possible for this function to cause an

amplitude error. In this case the error code is set but the output configuration is
not changed. See ERRM SG? for definitions of the error codes.

SEE ALSO

AMPLITUDE, ERRMSG?, GROUNDGEN, ZOUTGEN
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GENSETL? -- read generator settling status

SYNOPSIS

GENSETL?,

RETURNS

1; if generator is settled
0; if not

DESCRIPTION
Reads generator settling status.

After agenerator frequency or amplitude change, there is afinite time required for
the generator output to settle. Thistime varies with both amplitude and frequency,
but is usually longest at low frequencies.

Normally, when using the DUS algorithm, there is no need to check for generator
settling. Thisfunction is provided for when the DUS algorithm is not being used,
or the test setup has some unusual requirements.

SEE ALSO

GENSTAT?
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GENSTAT? -- read generator status byte

SYNOPSIS

GENSTAT?,

RETURNS

This function returns the generator status byte as an unsigned integer from O -

255;

The bits returned are defined as follows:

Datal
Data2
Data4
Data8
Data 16
Data 32
Data 64
Data 128

Reserved for future options.

High when the burst option TRIGGER/GATE INPUT islow.
Reserved for future options.

Monitor of Sync output. High when the sync output is high.
Reserved for future options.

Output current limit status. Low when output is limited.

Oscillator settling status. High when oscillator is settled.
Frequency counter reading ready indicator. Low when anew
reading is available. Reset high when the counter is read by the PC.

For example: 104 = 64+32+8 means reading ready, oscillator settled, no current
limit, sync high.

DESCRIPTION

Thisisthe main status function for the generator.

The information available here is also available in other functions that return the
individual status bits.

SEE ALSO

ILIMIT?, GENSETL?, GENSYNC?, RDY GENFREQ?
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GENSYNC? -- read the generator sync signal;

SSYNOPSIS

GENSYNC?,

RETURNS

1;if syncisat ahighlogic level.
0; if syncisat alow logic level.

DESCRIPTION
This provides areproduction of the generator sync output signal.

Thisfunction only has value if sync isrunning at very low frequencies such as
with tone-bursts.

SEE ALSO

GENSTAT?
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GROUNDGEN -- ground or float generator outputs

SYNOPSIS

GROUNDGEN ON;
GROUNDGEN OFF;

INITIAL STATE

GROUNDGEN OFF; (output floating) isset by INIT or RST

RETURNS

GROUNDGEN? returns GROUNDGEN ON or GROUNDGEN OFF.

DESCRIPTION

This function connects the common generator output to ground, or opens that
connection for floating outputs.

SEE ALSO
GENCONFIG
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ILIMIT? -- read generator current limit status

SYNOPSIS

ILIMIT?

RETURNS

1; if generator is current limited
0; if not

DESCRIPTION

Reads output current limit status. If the ratio of amplitude to load impedance is
more than the generator can deliver, ILIMIT?will return a 1.

SEE ALSO

GENSTAT?
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IMFREQ -- set generator intermodulation frequency

SYNOPSIS
IMFREQ hertz; "hertz" isthe value for IMD
frequency in Hertz
INITIAL STATE

IMFREQ 60; (60 Hertz) is set by INIT or RST

RETURNS

IMFREQ?; returns the actual IMD frequency in Hertz.

DESCRIPTION
IMFREQ sets the generator IMD frequency.

For WAVEFORM SMPTE; thisisthe lower frequency tone. The following
frequencies are available: 500Hz, 250Hz, 125Hz, 100Hz, 60Hz, 50HZz, 40Hz.
FREQUENCY sets the upper tone.

For WAVEFORM CCIF,; thisisthe spacing between the two tones. The following
frequencies are available: 1kHz, 500Hz, 250Hz, 200Hz, 120Hz, 100HZ, 80Hz.
FREQUENCY sets the center of the tones.

For a DIM mode waveform, this function has no effect. The frequencies are
determined by the DIM mode as selected by WAVEFORM.

CAUTIONS

The IMD-GEN hardware option is required.
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NOISE -- select random or pseudo-random noise

SYNOPSIS

NOISE PSEUDOG;
NOISE RANDOM,;

INITIAL STATE

NOISE PSEUDO; isset by INIT or RST.

RETURNS

NOISE?; returns the noise type.

DESCRIPTION

PSEUDO random noise is a sequence that repeats approximately 4 times per
second. Thisrate matches the slowest reading rate of the analyzer and will allow
readings to be taken without the 'digit bobble' normally associated with noise.

The length of the pseudo random noise sequence causes a4 Hz frequency spacing
between spectral lines. Thisis more than adequate for use with System One but

may be alimitation if an external spectrum analyzer or very narrow filters are
being used.

True RANDOM noise does not repeat and may be used when a closer spectral
spacing isrequired.

NOTE: One of the WAV EFORM noise modes must be selected.

The BUR-GEN hardware option is required for this function.

SEE ALSO

WAV EFORM for noise selections.
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OUTPUTGEN -- set generator output on or off

SYNOPSIS
OUTPUTGEN OFF,;
OUTPUTGEN ON;

OUTPUTGEN A;
OUTPUTGEN B;

INITIAL STATE

OUTPUTGEN OFF; (both outputs OFF) is set by INIT or RST

RETURNS

OUTPUTGEN?, returns OUTPUTGEN OFF, OUTPUTGEN ON; OUTPUTGEN
A; or OUTPUTGEN B;.

DESCRIPTION
This function sets the generator output A and/or output B to ON or OFF.

OUTPUTGEN ON; turns both A and B outputs on.

SEE ALSO
GENBPOLARITY
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RDYANY -- determine if any reading is available

SYNOPSIS

RDYANY;

RETURNS

Returnsa lif any reading is ready, O otherwise.

DESCRIPTION

This function determinesif any reading is ready from the Audio Precision
Interface Bus by reading a status bit. This bit is set by any module with areading
ready, thus allowing a single ready check to be made instead of polling everything
on the bus.

Once an "any ready" isfound, the individual ready functions may be used to
determine which module has the reading available.

The status bit is reset by this function so that any given "ready" will be returned
only once.

SEE ALSO

RDYMEAS, RDYBPFREQ, RDYDM, RDYDIN, RDYFREQ, RDY GENFREQ),
RDYKEY, RDYLEVEL, RDYPHASE, RDYPOLARITY, RDYDUS,
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RDYBPFREQ? -- Determine if BP/BR tuning is ready
RDYDIN? -- Determine if digital input reading is ready
RDYDM? -- Determine if a DMM reading is ready
RDYDMRANGE? -- Determine if DMM range reading is ready
RDYFREQ? -- Determine if a frequency reading is ready
RDYGENFREQ? -- Is a generator frequency reading ready?
RDYKEY? -- Determine if a program control key is ready
RDYLEVEL? -- Determine if an input reading is ready.
RDYMEAS? -- Determine if a main measurement is ready.
RDYPHASE? -- Determine if a phase reading is ready.
RDYPOLARITY? -- Determine if polarity reading is ready

SYNOPSIS

RDYBPFREQ?,
RDYDIN?,
RDYDM?;
RDYDMRANGE?;
RDY FREQ?:
RDY GENFREQ?:
RDYKEY?,
RDYLEVEL?,
RDYMEAS?:
RDYPHASE?;
RDYPOLARITY?,

RETURNS

1 if areading isready
0; otherwise

DESCRIPTION
These functions determine if the appropriate reading is ready.
Because readings functions do not return until areading is ready, the ready
functions may be used to avoid waiting for areading. These functions do NOT
clear their respective ready statuses and so may be called any number of times.
Only acall to the reading function will clear aready status.

If the particular reading is found to be ready, then a subsequent call to the
corresponding readings function will return areading quickly.
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Note that readings from the analyzer will free run at the selected measurement
rate and so will eventually become ready even without acall to TRIGANA.

Note that a FGEN? reading will never be ready unless triggered first using
TRIGGEN.

SEE ALSO

RDYANY, DIN?, DMM?, DMRUN, FANA?, FBP?, FGEN?, KEY?, LEVEL?,
MEASURE?, PHASE?, POLARITY?, SENDRANGEDM?, TRIGANA,
TRIGGEN, TRIGDIN, TRIGDMM
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TRIGANA -- Delay then trigger analyzer

TRIGDIN -- Delay then trigger the DCX digital input
TRIGDMM -- Delay then trigger a new DCX DMM reading
TRIGGEN -- Delay then trigger generator frequency reading

SYNOPSIS

TRIGANA delay; "delay" istrigger delay timein
TRIGDIN delay; seconds

TRIGDMM déelay;

TRIGGEN delay;

DESCRIPTION

Delays from 0 to 15 seconds are allowed. Delay values outside this range will be
adjusted to the closest possible delay (ie. negatives are changed to 0 and numbers
greater then 15 are changed to 15).

TRIGANA causes the analyzer to wait the specified time for settling, then restart
all of itsreadings cycles. Readings in progress are aborted. Any readings function
called after thiswill wait for its appropriate new reading to be available.

TRIGDIN causesthe DCX to wait for the time specified in seconds then trigger a
reading from the digital input. Note that the digital input must have its readings
latched by either an external strobe or an internal strobe of rate set by DINRATE.

TRIGDMM causes the DCX to wait the time specified in seconds then restart the
DMM readingscycle. If areadingisin progress, it isaborted. The DMM
function, if called after this, will return the reading from this trigger.

TRIGGEN causes the generator to wait atime specified in seconds, then restart its
frequency reading cycle. If areading isin progress, it is aborted. If the FGEN?

function is called after this, it will return the reading from this trigger. Note that
thistrigger causes a single reading to be made.

SEE ALSO
DMRUN, FREQUENCY, FREQAUTOCAL, FGEN?, RDY GENFREQ?
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WAVEFORM -- Set generator waveform

SYNOPSIS
WAV EFORM mode; "mode" is SINE, SMPTEL],
SMPTE4, CCIF, DIM30, DIMB,
DIM100, SQUARE, BURST, PINK,
WHITE, BPNOISE, USASI, DSP
INITIAL STATE

WAVEFORM SINE; isset by INIT or RST.

RETURNS

WAV EFORM?; returns the waveform mode.

DESCRIPTION
This function sets the generator waveform mode.

Available modes along with the minimal setting strings are:

complete minimal mode

"SINE" "S' SINEWAVE

"SMPTE1" "SM" IMD-SMPTE 1:1

"SMPTE4" "SMPTE4" IMD-SMPTE 4:1

"CCIF" "C" IMD-CCIF

"DIM30" "D" DIM-30 (3.18 kHz, 30kHz BW)
"DIMB" "DIMB" DIM-B (2.96 kHz, 30kHz BW)
"DIM 100" "DIM1" DIM-A (3.18 kHz, 100kHz BW)
"BURST" "B" SINE BURSTS

"PINK" "P PINK NOISE

"WHITE" "W WHITE NOISE

"BPNOISE" "BP" BANDPASS NOISE

"USASI" "y USASI NOISE

"SQUARE" "SQ SQUAREWAVE

"DSP" "DS" DIGITAL GENERATOR

If the mode string cannot be interpreted, the error code is set and nothing is done.
See ERRM SG? for definitions of the error codes.
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CAUTIONS

The IMD-GEN hardware option is required for any of the intermodulation
settings.

The BUR-GEN hardware option isrequired for any of the noise, burst, or
squarewave settings

SEE ALSO

FUNCTION, NOISE, ERRMSG?, Generator hardware description
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ZOUTGEN -- Set generator output impedance

SYNOPSIS
ZOUTGEN impedance "Impedance” isanumerical valuein
ohms
INITIAL STATE

ZOUTGEN 50; isset by INIT or RST.

RETURNS

ZOUTGEN? returns the generator output impedance for balanced configuration
and without EURZ option.

DESCRIPTION
This function sets the output impedance of the generator.

The impedances available are:

OUTPUT MODE | EURZ option

argument BAL/CMR  UNBAL BAL/CMR  UNBAL

<63 50 25 <40 <20

63-346 150 80.2 200 100

> 346 600 600 600 600
SEE ALSO

GENCONFIG
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ANALOG ANALYZER HARDWARE REFERENCE

Analog Analyzer Block Diagram

On the first page of the Analyzer section isasimplified block diagram of the
analyzer, consisting of the LVF Level and Frequency Measurement Module, the
DIS Distortion Measurement Module, the PHA Dual Input and Phase
Measurement option, the IMD-DIS Intermodulation Distortion Analyzer option,
and the Wow and Flutter Analyzer option.

Assuming that the PHA module is present, there are identical input circuits for
Channels A and B. The signal path is through the input attenuators and
preamplifiers. At the output of the input signal conditioning block, each channel's
signal is presented to the PHASE meter input. This same signal for each channel
drivesthe CHANNEL MONITOR OUTPUT connectors through a6 dB
attenuator. These connectors are intended for applications such as oscilloscope
monitoring. The signal is ground-referenced, with an amplitude range between
approximately 1.7 Volts peak-to-peak and 3.5 Volts peak-to-peak as the input
amplitude varies and the autoranging circuit functions.

Input Circuitry

The input autoranging control circuits (in use when the RANGEA 0 and/or the
RANGEB 0 commands have been issued) are peak sensitive in order to prevent
overload of amplifier stages even with high crest factor signals. Autoranging is
effected by switching both attenuation and amplification, and takes placein 6 dB
steps from 160 Vrms down to 80 millivolts rms, which is the most sensitive input
range. Below 80 mV, the amplitudes of the MONITOR jack and all other internal
signals drop in direct proportion with a corresponding loss of resolution. Input
range will nearly always be left in the auto (RANGEA 0 and RANGEB 0) mode,
though a fixed range may be selected for certain specialized applications. A fixed
rangeis selected with the RANGEA or RANGEB commands followed by the
desired full scalerangein Volts. Note that RANGEA and RANGEB selections
fix only the input auto-ranging circuitry. Additional autoranging circuitry later in
the processing chain is controlled by the RANGEGAIN command.

The front panel input connectors or an internal cable to the corresponding GEN1
output connector (to allow monitoring of the generator terminal voltage) may be
selected by the CHANA or CHANB commands. An auxiliary input connector
may be selected as the A channel input by the CHANA AUX command.

The ZINA and ZINB commands permit selection of a 150 Ohm or 600 Ohm input
termination or the 100 kOhm high impedance bridging input for the INPUT
connector. A 300 Ohm selection replaces the 150 Ohm selection when the
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European broadcast option isinstalled. Since excessive power dissipationisa
potential problem with the low impedance terminations, they will be
automatically disconnected if the input signal level exceeds approximately +32
dBu (30 Volts). When CHANA GEN or CHANB GEN connections are selected
to monitor the generator, the input connectors will continue to be terminated by
the value selected by the ZINA and ZINB commands and the generator output
will be bridged with the analyzer 100 kOhm input.

In al cases except the AUXILIARY input, the input isfully balanced
(differential). The AUXILIARY input is unbalanced due to use of a grounded-
type (BNC) connector.

Meters

Note that the System One analyzer contains five separate and independent meters:
MEASURE, LEVEL, FANA (frequency counter), POLARITY, and PHASE.
Their functions are described below.

The PHASE meter measures phase by comparing the zero crossing times at the B
input with reference to the A input. Itsreading is obtained by the PHASE ?
command or the SENDDUS command. The phase meter can be placed in a+/-
180 degree range or a 0-360 degree range by the RANGEPHASE command.
The average of both positive and negative zero crossings is used to eliminate
errors due to non-symmetrical signals. Both channels must be presented with
signals above the phase measurement threshold of afew millivolts. Input-output
phase measurements of a device under test may be made by selecting CHANB
GEN for the second LVF channel. In addition, both A and B outputs of the GEN
module must be turned on (OUTPUTGEN ON). One channel of the phase meter
is thus connected to the generator output (device input) and the other to the device
output, providing a measurement of device input-to-output phase shift. If high-
gain devices are to be measured, their required input amplitude for linear
operation may be less than the approximately 2 mV sensitivity of the phase meter.
In this case, the signal at the BNC connector labeled MONITOR OUTPUT
(GENERATOR AUXILIARY SIGNALS) can be connected to the CHANNEL -B
INPUT connector to serve as the phase reference, instead of selecting CHANB
GEN. This GENERATOR MONITOR OUTPUT signal is a constant amplitude
signal of approximately 1 Volt, even when the generator outputs are at very low
amplitudes.

The signal amplitude at the channel selection point is measured by the LEVEL
voltmeter on the DIS board. Itsreading is obtained by the LEVEL 2 command or
the SENDDUS command. The LEVEL voltmeter always uses atrue RMS
detector, has a fixed bandwidth of approximately 6 Hz to 600 kHz (at --3 dB), and
is unaffected by selection of the optional filters or external filter capability of the
MEASURE meter. The LEVEL meter measures the channel selected by the
CHANNEL A or CHANNEL B command except in FUNCTION DUALAMPL,
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FUNCTION RATIO, FUNCTION XTALK, or FUNCTION ABSXTALK
modes. In those four modes, the LEVEL meter reads the opposite channel.

The frequency counter is a period-average measuring design, with the period
reciprocal computed by the LVF microprocessor. The reading is obtained with
the FANA? command or the SENDDUS command. The number of periods
averaged is automatically selected as a function of the RATE command
(reciprocal of gate time) currently in use and the signal frequency being
measured. If any of the standard low-pass (LOPASYS) filters (80 kHz, 30 kHz, or
22 kHz) are selected, another low pass filter will be inserted prior to the counter to
improve its performance under noisy conditions. For all FUNCTION choices
except DUALAMPL, RATIO, ABSXTALK, and XTALK functions, the counter
measures the channel selected by the CHANNEL command. In those four
functions, the counter measures the opposite channel.

Polarity testing may be performed with System One if the BUR-GEN moduleis
present or another asymmetrical (low duty cycle) tone burst signal is available.
Thereading is obtained with the POLARITY? command or the SENDDUS
command. The signal must consist of atone burst of approximately 30% duty
cycle, with the leading edge of the burst sinewave being positive-going. All tone
bursts from the BUR-GEN module are initially positive-going. The POLARITY
function will return a zero degree result if the measured burst isinitially positive-
going and a 180 degree result if the measured burst isinitially negative-going due
to phase inversion in the circuit being tested. Polarity testing is a requirement
when testing the wiring of mixing consoles, studios, and other sophisticated
multi-channel audio systems to assure that no inadvertent cable transpositions
have taken place. With acoustical signals, the polarity function will only be
effectiveif the measured signal is clean when viewed on an oscilloscope, with no
ringing or inter-burst reflections to confuse the measuring circuits.

MEASURE Meter Functions

The MEASURE meter FUNCTION (or mode) may be selected from the
following choices. VOLTS, BANDPASS, BANDREJECT, THDPCT,
ABSTHDN, DUALAMPL, RATIO, ABSXTALK, and XTALK. If theIMD-
DIS module is present, the MEASURE meter may also be selected as SMPTE,
CCIF, or DIM. If the Wow and Flutter moduleis present, WF isalso an
available function for the MEASURE meter. A reading is obtained viathe
MEASURE? command or the SENDDUS command. The MEASURE meter
always reads the channel (A or B) selected by the CHANNEL command.

FUNCTION VOLTS isanormal audio voltmeter mode.

FUNCTION BANDPASS usesthe DIS1 two-stage filter in selective bandpass
mode; the filter has a bandwidth of approximately 1/3 octave at the -3 dB points
(Q of approximately 4.3), with skirt rejection slopes of 12 dB per octave. Center
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frequency tuning accuracy is 3%. The BANDPASS filter meets ANSI Class||
1/3 Octave specifications. Filter gainiseither 0 dB or 12 dB, depending on
automatic gain selection as afunction of filter output amplitude.

FUNCTION BANDREJECT (notch) mode uses the DISL filter in bandreject
mode. BANDREJECT differs from the two THD+N modes in servo control of
the notch. Inthe THD+N functions, servo circuits constantly operate to tune the
notch frequency for maximum rejection of the signal fundamental frequency. In
BANDREJECT mode, servos are disabled and the notch is tuned to the specified
frequency with 3% accuracy.

FUNCTION THDPCT and FUNCTION ABSTHDN modes use the DIS1 two-
stage notch filter, servo-controlled to automatically remove the fundamental
component of the input signal so that the remaining harmonics plus noise may be
measured. In THDPCT mode (THD+N as a percentage of the input signal
amplitude), the reading is the ratio of distortion products (M EASURE voltmeter)
to original signal amplitude (LEVEL meter) expressed as a percentage. No set
level or automatic gain control isthus needed. Note that the SINAD technique
used in testing sensitivity of communications receiversisidentical to THD+N
expressed in dB units, except for areversal of the agebraic sign. Thus, THD+N
of --12 dB isidentical to a12 dB SINAD. In ABSTHDN (absolute THD+N)
mode, the reading is the absolute amplitude in Volts of the THD+N products.
Useful ABSTHDN measurements may be made with signal amplitudes of tens of
microvoltsif the BP/BR filter frequency isfixed at the signal fundamental
frequency.

FUNCTION SMPTE, FUNCTION CCIF, and FUNCTION DIM modes use
the IMD-DIS option (if present) to measure intermodulation distortion products
according to the selected standard. See the Generator INTERMODULATION
DISTORTION section for more details.

FUNCTION WF mode, if the wow and flutter option is present, measures to the
IEC (DIN), NAB, and JIS standards plus wideband scrape flutter measurements.
See the Generator WOW AND FLUTTER section for more details.

FUNCTION ABSXTALK and FUNCTION XTALK (2 channel modes)
connect the MEASURE voltmeter in bandpass mode to the selected channel, and
the LEVEL voltmeter and frequency counter to the aternate channel. With either
function, the non-driven channel should thus be selected by the CHANNEL
command. Itsamplitude will be selectively measured, while the LEVEL meter
and FREQUENCY counter measure the signal on the driven channel. The
XTALK function provides the value of the MEASURE meter measurement
divided by the LEVEL meter measurement and expressed as a percentage.
ABSXTALK returns the MEASURE meter's measurement, independent of the
LEVEL meter measurement.

FUNCTION DUALAMPL and FUNCTION RATIO (2 channel modes) connect
the principal voltmeter (without bandpass filter in the circuit) to the selected

ANALOG ANALYZER HARDWARE 140



IEEE-488 Programmers Manual Programming Reference

channel, and the LEVEL voltmeter and frequency counter to the alternate
channel. RATIO returns as MEASURE the ratio of the MEA SURE measurement
to the LEVEL measurement, expressed as a percentage. DUALAMPL returns
independent, absolute values for the MEASURE and LEVEL meters.

An additional controllable gain stage following the DIS module signal return
point is controlled by a second peak-sensitive autoranging control circuit
(RANGEGAIN). Selectablelow passfilters (LOPASS), sockets for optional
filters and the BNC connections for an external filter (FILTER), and selectable
high passfilters (HIPASS) follow. A final amplification stage drives the
measurement detectors. This same signal, through a 6 dB isolation pad, feeds the
connector |labeled READING. This connector, provided for oscilloscope or
spectrum analyzer monitoring, carries the final ac signal which is presented to the
detector inputs after al processing.

Bandwidth Control

Both low and high frequency band limits of the principal (MEASURE) voltmeter
are controllable. Thelow frequency band limit is controlled by the HIPASS
command. With no filter selected (HIPASS 10), the lower -3 dB limit is<10 Hz
(typically approximately 4 Hz in amplitude modes and 6 Hz in either THD+N
mode or BREJECT mode). Three-pole high-passfiltersat 22.4 Hz, 100 Hz, and
400 Hz are selectable by HIPASS 22.4, HIPASS 100, and HIPASS 400
commands..

The upper band limit is similarly controlled by the LOPASS command. With no
filters (LOPASS 500000), the bandwidth isin excess of 500 kHz. Three-pole
low-passfilters at 80 kHz (LOPASS 80000) or 30 kHz (LOPASS 30000) may
be selected. The 22.4 kHz low-pass filter selection (LOPASS 22400) is made
up of three poles at 22 kHz, cascaded with the three-pole 30 kHz filter. The
resulting six-pole response above 30 kHz produces greater attenuation of signals
such asthe 44.1 kHz or 48 kHz sampling frequency in digital systems.

Optional Filters

Optional filter capability consists of five sockets on the LVF1 module circuit
board plus front-panel BNC connectors for externally-connected filters. The
FILTER O command bypasses all optional filter selections. FILTER 1 through
FILTER 5 commands select sockets 1 through 5. FILTER 6 selects the external
filter connectors. Optional filters made by Audio Precision may be plugged into
the sockets. A blank circuit board is also offered to allow user design and
fabrication of custom filter designs. Selecting an unoccupied socket will disable
the principal (MEASURE) voltmeter. If a CCIR weighting filter is used, it must be
installed in socket #1, nearest the rear panel of System One. If afilter is plugged
into socket #1, the results will be different depending on whether it is selected by
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command FILTER 1, 7, or 8. The FILTER 1 selection chooses the #1 socket
with unity gain, asis appropriate for al available filters except the CCIR
weighting filter. The FILTER 8 selection also selects the #1 socket, but with a
software-controlled gain factor of 4.0. Thisvalueisrequired in conjunction with
the actual electrical gain through the CCIR filter to produce unity gain at 1 kHz as
specified in CCIR recommendation 468-3 and earlier. Selecting FILTER 7 again
selects the #1 socket, but with a software-controlled gain factor of 2.09. This
value produces the unity gain point at 2 kHz, as specified by Dolby (TM) for the
CCIR-ARM noise measurement method (in conjunction with the AV G detector).

Other available optiona filtersinclude C-message and CCITT weighting filters,
the receiver bandpass filter (200 Hz to 15 kHz bandpass plus 19 kHz notch),
precision 20 kHz and 15 kHz band limiting filters with sharp rolloff, and afamily
of fixed bandpassfilters. The FBP-xxxx family of bandpassfilters are intended
for individual harmonic distortion measurements, especially with tape recorders.
For example, assume that a 1 kHz fundamental tone is recorded on tape and that 2
and 3 kHz filters (FBP-2000 and FBP-3000) are plugged into sockets #3 and #4.
Selecting THD+N mode with no optional filters selected will produce a
MEASURE of total harmonic distortion plus noise. Further selecting socket #3 (2
kHz bandpass) would produce a reading which is purely second harmonic.
Selecting the #4 socket (3 kHz bandpass) would provide a third harmonic reading.

Detectors

There are five detector typesin the MEASURE voltmeter, selected by the
DETECTOR command. The detector choices are RMS (true rms), AVG
(average responding, rms calibrated), PEAK (peak responding), QPK (quasi-
peak response conforming to CCIR Recommendation 468-3), and S_PK (scaled
peak for peak-equivalent-sine values, produced by using the peak detector
hardware and multiplying the reading by 0.707). All detectors are linear even
with signal crest factorsashigh as 7. The true RMS detector should be selected
for accurate measurements when the signal is non-sinusoidal, such as a distortion
measurement or wide-band noise measurement. |If the signal is sinusoidal or
sharply band-limited noise due to use of System One's BPASS or either crosstalk
mode or optional bandpass filters for individual harmonic measurements, the
AV G detector will exhibit faster settling, less error at low frequencies, and less
noi se.

Reading Rate and Detector Speed

With the RM S detector, there is an inherent relationship between the fasttest valid
reading rate for full specified measurement accuracy and the lowest frequency
component of the measured signal. The RATE command sets the reading rate to
30 readings per second (RATE 30), 15 readings per second (RATE 15), 8
readings per second (RATE 8), or 4 readings per second (RATE 4). The RATE
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command controls the update rate of all analyzer measurements (MEASURE,
LEVEL, FREQUENCY, POLARITY, and PHASE). 30 readings per second
should be used only for repetitive signals faster than approximately 65 Hz.
Similarly, 15 readings/sec is valid for 29 Hz and faster, 8 readings/sec for 18 Hz
and faster, and 4 readings/sec for 10 Hz and faster. These signal frequency
limitations pertain not only to a single sine wave, but to the difference between
the two most closely spaced components of a complex signal. For example, when
measuring THD+N at 35 Hz in an amplifier with significant 60 Hz hum from the
power mains, a 10 Hz beat product can exist between the power mains hum at 60
Hz and the second harmonic at 70 Hz. Properly measuring the amplitude of the
signal, including this 10 Hz beat, would require use of the 4 readings/sec RATE
selection.

Reading rates faster than the recommendations above may be used with some loss
of accuracy, which may be an acceptable tradeoff in specific applications. Rates
slower than these recommendations are required in some applications, such asto
maximize resolution when using the LEVEL meter at very low amplitudes.

The LEVEL meter detector (always RMS) and the RMS and AV G detectors of
the MEASURE meter have three selectable time constants. These are
automatically selected at the optimal value by the RATE or RESPONSE
command. The RATE command automatically selects the slowest time constant
at 4 readings per second, a medium time constant at 8 and 15 readings per second,
and the fasttest time constant at 30 readings per second.

The RESPONSE command simplifies programming by controlling reading rate
and the detector time constant as a function of afrequency value passed with the
command. Sending RESPONSE 50, for example, selects the optimum RATE
and detector speed for a frequency of 50 Hz.

Detector Output to Digital Conversion

The dc output of the selected detector drives a voltage-to-frequency converter of
approximately 100 kHz full scale at 2.5 Voltsdc input. The v-to-f converter's
pulse train output is fed to afrequency counter with selectable gate times of
approximately 32 ms (30 readings/second), 64 ms (15 readings/sec), 130 ms (8
readings/sec), and 262 ms (4 readings/second). The counter full scale resolution
ranges from approximately 3,150 counts at 30 readings/second to about 25,200
counts at 4 readings/second.

The autorange circuit control, detector v-to-f converter output frequency
measurement, frequency counter, and phase meter are all managed by a 6805
microprocessor on the LVF Module, which also manages other low-level activity
where fast response time is needed.
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Interconnections to the Device Under Test

The balanced inputs to the analyzer appear at pins 2 and 3 of the XLR connectors.
When making adapter cables from the XLR connectors to unbalanced connectors
such as RCA phono or standard or miniature phone plugs and jacks, pin 2 of the
XLR must be wired to the center conductor of the unbalanced cable. Pin 3 of the
XLR must be wired to the shell of the RCA phono or sleeve connection of the
phone plug or jack. When stereo devices (balanced or unbalanced) are being
tested, take care that the left and right channel cables between System One and
the device are tightly dressed together or even twisted to reduce the loop area into
which hum can be coupled.

A separate ground connection may be made from the chassis of the device under
test to the GROUND connector on the analyzer input connector panel. If stimulus
isalso provided from System One, only one ground connection should be made
between the device under test and System One. Experimentation may be required
to see whether lower noise results with that connection made to the generator
panel or the analyzer panel.
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ANALOG ANALYZER COMMANDS

The example arguments are the power on settings and are explained in
parenthesis.

BPHZ 0.; -- set bandpass/bandreject frequency (auto)

CHANA INPUT; -- select source for analyzer input A (front panel input)
CHANB INPUT; -- select source for analyzer input B (front panel input)
CHANNEL A; -- select analyzer channel (A)

DETECTOR RMS; -- select detector type (RMS)

EXISTANA?, -- isanalyzer hardware connected?

FANA?; -- read frequency from analyzer

FBP?; -- read bandpass/bandreject frequency

FILTER O; -- set optional analyzer filter (none)

FUNCTION VOLTS; -- set mode of measure meter (volts)

HIPASS 10.; -- set corner frequency of high passfilter (10 Hz)
LEVEL?, -- read input voltage using analyzer level meter
LOCKRANGE OFF; -- lock or unlock the analyzer gain amps
LOPASS 5.E+5; -- set low pass filter corner frequency (500 kHz)
MEASURE?; -- make a measurement using the analyzer main meter
PHASE?, -- read phase from analyzer

POLARITY?, -- read polarity from analyzer

RANGEA 0; -- set channel A input range (auto)

RANGEB 0; -- set channel B input range (auto)

RANGEGAIN 0; -- set gain amp range (auto)

RANGEPHASE 0; -- set phase measurement range (-180 to +180)

RATE 4, -- set analyzer reading rate (4 readings per second)
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RDY BPFREQ?, -- determine if BP/BR tuning is ready

RDY FREQ?; -- determineif afrequency reading is ready
RDYLEVEL?, -- determineif an input reading is ready

RDYMEAS?, -- determine if amain measurement is ready
RDYPHASE?, -- determine if a phase reading is ready
RDYPOLARITY?, -- determineif polarity reading is ready
RESPONSE 10.; -- set reading rate & detector time constant (for 10 Hz signals)
SENDDUS?, -- make and return settled measurements

SENDGAIN?; -- read analyzer gain amp gain

SENDRANGEA?; -- read channel A input range

SENDRANGEB?, -- read channel B input range

SENDRANGEM?; -- read the measurement range

STATA?; -- read channel A input range status

STATB?, -- read channel B input range status

STATG?, -- read gain amp range status

TERMA?; -- read channel A termination status

TERMB?, -- read channel B termination status

TRIGANA 0.03; -- delay (30 millisec) then trigger analyzer
WFFILTER WTG,; -- set wow & flutter weighting (weighted)

ZINA 100000; -- set analyzer channel A input impedance (100 kOhms)

ZINB 100000; -- set analyzer channel B input impedance (100 kOhms)
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BPHZ -- set bandpass/bandreject frequency

SYNOPSIS
BPHZ freq; "freq" isthe center frequency in
Hertz, or 0.0 for auto tune
INITIAL STATE

BPHZ 0.0; isset by INIT or RST.

RETURNS

BPHZ?; returns the frequency in Hertz actually set or 0.0 for autotune.

DESCRIPTION

This function sets the bandpass/bandreject filter to any frequency from 10 Hz to
204 kHz.

0.0 setsthefilter to auto tuning (tracks frequency meter) from 10 Hz to 204 kHz.
The bandpass/bandreject filter is used for several of the measurement functions,

including distortion. If the fundamental frequency is known, setting BPHZ will
usually speed up distortion measurements.

SEE ALSO

FBP?, FNEXT, FUNCTION, MEASURE?
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CHANA -- select source for analyzer input channel A
CHANB -- select source for analyzer input channel B

SYNOPSIS
CHANA INPUT;

CHANA GEN;
CHANA AUX;

CHANB INPUT;
CHANB GEN,;

INITIAL STATE

CHANA OFF; CHANB OFF; are set by INIT or RST.

RETURNS

CHANA? or CHANB? return the selected input source.

DESCRIPTION
These functions connect channel A or channel B to the front panel input

connector or the internal generator monitor connection. Channel A may also be
connected to the AUX input.

SEE ALSO
CHANNEL
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CHANNEL -- select analyzer channel A or B

SYNOPSIS

CHANNEL A;
CHANNEL B;

INITIAL STATE

CHANNEL A;isset by INIT or RST.

RETURNS

CHANNEL? returns CHANNEL A; or CHANNEL B;.

DESCRIPTION
CHANNEL selects analyzer channel A or channel B to be used for measurements.

This function also sets the ‘channel A/B' pin 7 of the DCX's program control
output (O for channel A, 1 for B).

SEE ALSO

CHANA, CHANB, FUNCTION, PGMC7
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DETECTOR -- select detector type

SYNOPSIS
DETECTOR RMS; DETECTOR NAB,;
DETECTOR AVG,; DETECTOR JIS;
DETECTOR PEAK; DETECTOR DIN;
DETECTOR QPK; DETECTOR IEC;

DETECTOR S _PK;

INITIAL STATE

DETECTOR RMS; isset by INIT or RST.

RETURNS

DETECTOR?; returns the present setting.

DESCRIPTION

Selects detector type for main voltmeter, accessed by the MEA SURE function.
The input voltmeter (accessed by LEVEL) aways uses an RM S detector.
Choices are asfollows:

For other than WF Wow and Flutter
RMS rms NAB
AVG average JS
PEAK peak undefined
QPK Quasi-peak IEC or DIN

S PK  peak-equivalent-sine undefined

SEE ALSO
FUNCTION, WFFILTER
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EXISTANA? -- is the analyzer hardware connected?
EXISTDCX? -- is the DCX hardware connected?
EXISTDSP? -- is DSP hardware connected?
EXISTGEN? -- is generator hardware connected?
EXISTSWI? -- is switcher hardware connected?

SYNOPSIS
EXISTANA?,
EXISTDCX?;
EXISTDSP?,

EXISTGEN?,
EXISTSWI?,

RETURNS

Returnsal if the module exists, 0 otherwise.

DESCRIPTION
These functions determine if the hardware module is connected and powered on.

The existence status is updated each time APRESTORE or INIT or RST iscalled.
This function returns that status.

It is good practice to check that SY STEM ONE is properly connected and
powered on before beginning atest procedure.

If the hardware is found not to exist (but should), prompt the operator to remedy
the situation, then call APRESTORE before calling EXIST again.

SEE ALSO

APRESTORE, INIT, RST
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FANA -- read frequency from analyzer

SYNOPSIS

FANA?,

RETURNS
This function returns frequency in Hertz.

F -1E+34; isreturned if the input amplitude istoo low for afrequency reading. It
may also indicate that the hardware is disconnected or not powered on.

DESCRIPTION

This function makes an frequency reading from the selected input channel of the
analyzer, or the opposite input channel if the analyzer isin a2 channel mode.
(See FUNCTION for adescription of the 2 channel modes.)

If areading is not ready when this function iscalled, it will wait for areading to
become available. Any particular reading will be returned only once.

SEE ALSO

FUNCTION, RDYFREQ?, FBP?, FGEN?
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FBP -- read bandpass/bandreject frequency

SYNOPSIS
FBP?,

RETURNS
the bandpass/bandreject frequency in Hertz

-1E+34; may be returned if the hardware is disconnected or not powered on.

DESCRIPTION
Returns the frequency vaue that is used to tune the bandpass/bandreject filter.

Thisisthe frequency thefilter istuned to if it isin auto tuning mode (BPHZ 0;).
If the filter is set by BPHZ other than O, the filter will be set at that frequency
instead of the FBP frequency.

If areading is not ready when this function is called, it will wait for areading to
become available. Any particular reading will be returned only once.

SEE ALSO

BPHZ, RDYBPFREQ
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FILTER -- set optional analyzer filter

SYNOPSIS

FILTER filter-number; "filter-number" may be 0 through 8

INITIAL STATE

FILTER O; (no filters) isset by INIT or RST.

RETURNS

FILTER?; returns the optional filter setting.

DESCRIPTION
This function selects one (or none) of the available optional filters.

The optional filters are on cards that plug into one of 5 dotsinternaly in the
analyzer, so the exact function of each of the selections here is dependent on filter
installation.

Filter numbersfrom O to 8 are available as follows:

0 = no optional filter selected

1 = optional slot #1 withagain of 1 (see7 & 8)
2 = optional dot #2

3 = optional slot #3

4 = optional slot #4

5 = optional slot #5 ("A" version only)

6 = external optional filter ("A" version only)

7 = optional slot #1 with gain of 2.092 (CCIR)
8 = optional slot #1 with again of 4.0 (CCIR)

Any other setting attempted resultsin no filter being selected (FILTER 0;).
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SPECIAL NOTES FOR SLOT #1:

Normally optional filter slot #1 isreserved for the "CCIR" optional filter which
requires special gain selections.

Whenever optional filter number #7 or #8 is used, slot #1 is selected but the
reading is corrected internally in the software to compensate for the special gain
of the CCIR filter.

As asecond choice for CCIR, Selecting #7 causes slot #1 to be used with a
correction factor of 2.09 (causing the "CCIR" filter to cross 0 dB at 2 kHz. for
CCIR-ARM measurements).

The normal selection for CCIR is#8 with a correction gain of 4.0 ( causing the
CCIR filter to cross0 dB at 1 kHz.).

By convention, optional slot #2 is normally reserved for "A" optional, athough
there are no gain corrections, etc. here.

CAUTIONS
FILTER does not affect Wow & Flutter measurements. (see WFFILTER)

Slot #1 may be selected by numbers #7 or #8 which have a software gain
correction, See the note above.

Selecting an empty filter slot will produce erroneous readings.

SEE ALSO
BPHZ, HIPASS, LOPASS, WFFILTER
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FNEXT -- set analog generator, bphz and response frequency

SYNOPSIS
FNEXT hertz; "hertz" isthe value of frequency in
Hertz
INITIAL STATE

FNEXT 1000.; isset by INIT or RST.

RETURNS

FNEXT?; returns the setting in Hertz.

DESCRIPTION

FNEXT sets the analog generator frequency, the analog analyzer
bandpass/bandreect frequency and the analog analyzer response frequency.
FNEXT isfaster than calling FREQUENCY, BPHZ and RESPONSE during

distortion sweeps.

FNEXT does not appear in the SET? response since the information is available
from FREQUENCY, BPHZ and RATE.

SEE ALSO
FREQUENCY, BPHZ, RATE, RESPONSE
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FUNCTION -- set measurement mode of measure meter

SYNOPSIS
FUNCTION mode; "mode" is one of the choices from
the table, below
INITIAL STATE

FUNCTION VOLTS,; isset by INIT or RST.

RETURNS

FUNCTION?; returns the measurement mode setting.

DESCRIPTION

This function sets the measurement mode of the analyzer's main measurement
meter.

Available modes along with the minimal and recommended setting strings are:
recommended minimal  mode

"VOLTS" "V AMPLITUDE inVOLTS
"BANDPASS' "BANDP' BANDPASSED AMPLITUDE
"BANDREJECT""BANDR" BANDREJECTED AMPLITUDE

"THDPCT" T THD as a percent

"ABSTHDN" "ABST" THD asan amplitude

"SMPTE" "S' SMPTE IMD

"CCIF" "C" CCIF IMD

"DIM" "D" DIM

"WF"'"W" WOW and FLUTTER

(the following are the 2 channel modes)

"DUALAMPL" "DU" 2 CHANNEL AMPLITUDE (see note)
"RATIO" "R" RATIO of 2 channelsin percent
"XTALK" "X CROSSTALK as a percent

"ABSXTALK" "ABSX" 2CHANNEL BP AMPLITUDE (see note)

Note that the 2 channel modes connect the Measure meter to the selected channel
and the Level voltmeter and the frequency counter to the opposite input channel.

ANALYZER COMMANDS 157



Audio Precision System One

For example, if channel "A" is selected (CHANNEL A;) and the FUNCTION is
in one of the 2 channel modes, the input voltmeter and the frequency counter will
be connected to channel "B".

The available FUNCTION modes and their corresponding units are:

VOLTS -Volts
BANDPASS - Volts
BANDREJECT - Volts
ABSTHD - Volts
THDPCT - %
SMPTE (IMD) -%
CCIF (IMD) -%
DIM -%
WF (WOW and FLUTTER) - %
DUAL (2 CHANNEL AMPLITUDE) - Volts
ABSXTALK (2 CHANNEL BANDPASS) - Volts
RATIO (2 CHANNEL AMPLITUDE %) - %

XTALK (2 CHANNEL BANDPASS %) -%

CAUTIONS

The DIS-1 hardware option is required for the "BPASS", "BREJECT",
"THDPCT", and "ABSTHD" modes to operate properly.

The IMD-LVF hardware option is required for the"SMPTE", "CCIF", and "DIM"
modes to operate properly.

The W& F-LVF hardware option is required for the "WF" mode to operate
properly

SEE ALSO

BPHZ, MEASURE, WFFILTER
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HIPASS -- set corner frequency of high pass filter;

SSYNOPSIS
HIPASS freq; "freq" isthe corner frequency to set
filter
INITIAL STATE

HIPASS 10.; isset by INIT or RST.

RETURNS

Returns corner frequency setting in Hertz.

DESCRIPTION

The function sets the filter whose corner is equal to or below the input value. This
may allow measurements to settle more quickly, especially during frequency

sweeps.
The available high pass filter frequencies are:

10. Hz

22.4 Hz.
100. Hz.
400. Hz.

A zero selects no filtering (same as 10 Hz).

If this function causes the high pass filter selection to change, a 250 millisecond
delay will be invoked to allow the hardware to settle.

SEE ALSO

BPHZ, FILTER, LOPASS, WFFILTER
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LEVEL? -- read input voltage using analyzer

SYNOPSIS

LEVEL?,

RETURNS
This function returns the input voltage in volts RM S.

L -1.E+34; isreturned if the hardware is over-ranged or disconnected.

DESCRIPTION
Make a voltage reading from the selected input channel or the opposite input
channel if the analyzer isin a2 channel mode. (See FUNCTION for adescription
of the 2 channel modes.)

If areading is not ready when this function is called, it will wait for areading to
become available. Any given reading will be returned only once.

CAUTIONS

The DIS-1 hardware option module must be installed for this function to operate
correctly.

The input voltmeter always uses an RM S detector and is not affected by the
DETECTOR setting, or HIPASS, LOPASS or FILTER settings.

The input voltmeter always measures voltage and is not affected by the
measurement FUNCTION setting.

SEE ALSO

CHANNEL, FUNCTION, MEASURE, RDYLEVEL
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LOCKRANGE -- lock or unlock the analyzer gain amp

SYNOPSIS

LOCKRANGE ON,;
LOCKRANGE OFF;

INITIAL STATE

LOCKRANGE OFF;

RETURNS

LOCKRANGE ON; or
LOCKRANGE OFF,;

DESCRIPTION
The lockrange command will prevent the analyzer gain-amp from auto-ranging.
Thisis most useful when using the DSP processor in ACQUISITION mode and
taking the signal at the RDNG point.

The following is an example segment of code with the DSP program FFTGEN:

i_“OCKRANGE ON; (lock the gain amps)
AQXFORM; (acquire and transform)

LOCKRANGE OFF; (unlock the gain amps)
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LOPASS -- set corner frequency of low pass filter

SYNOPSIS
LOPASS freq; "freq" isthe corner frequency to set
filter
INITIAL STATE

LOPASS 500000; is set by INIT or RST.

RETURNS

Returns the corner frequency setting of filter.

DESCRIPTION

The function sets the filter whose corner is equal to or above the input value. This
isusually the best filter for the specified frequency.

A zero selects 22400 Hz.

The available low passfilter frequencies are:
500000. Hz
80000. Hz.

30000. Hz.
22400. Hz.

SEE ALSO

BPHZ, FILTER, HIPASS, WFFILTER

ANALYZER COMMANDS 162



IEEE-488 Programmers Manual Programming Reference

MEASURE? -- make a measurement using the analyzer;

SSYNOPSIS

MEASURE?;

RETURNS
M value; where value is the most recent reading

M -1E+34; isreturned if the hardware is over-ranged for any mode, or if the
frequency is out of range for the Wow & Flutter modes. It may also indicate that
the hardware is disconnected or not powered on.

DESCRIPTION

MEA SURE makes a measurement using the analyzer's main voltmeter. The
measurement is taken from the selected channel, using the selected function
mode, and the units specified by that mode. If areading is not ready when this
function is called, it will wait for areading to become available. Any given
reading will be returned only once.

The available FUNCTION modes and their corresponding units are:

VOLTS - Volts
BPASS -Volts
BREJECT - Volts
ABSTHD - Volts
THDPCT -%
SMPTE (IMD) -%
CCIF (IMD) -%
DIM -%
WF (WOW and FLUTTER) -%
DUAL (2 CHANNEL AMPLITUDE) - Volts
ABSXTALK (2 CHANNEL BANDPASS) - Volts
RATIO (2 CHANNEL AMPLITUDE %) - %

XTALK (2 CHANNEL BANDPASS %) -%

SEE ALSO

CHANNEL, FUNCTION, RATE, RDYMEAS, SEND, TRIGANA
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PHASE? --read phase from analyzer

SYNOPSIS

PHASE?,

RETURNS
the phase between channels A and B in degrees.

P -1.E+34; isreturned if the input amplitude istoo low for a phase reading. It may
also indicate that the hardware is disconnected or not powered on.

DESCRIPTION
M easures the phase between channels A and B.

If areading is not ready when this function iscalled, it will wait for areading to
become available. Any particular reading will be returned only once.

CAUTIONS

The phase range must be properly set before taking the phase reading will be valid
(see RANGEPHASE).

SEE ALSO
POLARITY, RANGEPHASE, RDYPHASE, TRIGANA
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POLARITY? -- read polarity from analyzer

SYNOPSIS

POLARITY?;

RETURNS

POLARITY ?returns either O or 1 to indicate O to 180 degrees.

DESCRIPTION
M easures the absolute polarity of the selected input.

Polarity can be either 0 or 1 that indicates O or 180 degrees. A special asymmetric
waveform is required to determine this. With System One this waveform is
produced by the BUR-GEN option

Set the generator to:

BURMODE NORM;
BURON 1,
BURINTERVAL 3;
BURLEVEL 1;
FREQUENCY 1000;
WAVEFORM BURST;

If areading is not ready when this function iscalled, it will wait for areading to
become available. Any particular reading will be returned only once.

Note: the DUS algorithm converts the polarity response of 1 to 180 therefore the
response of a settled polarity reading could be 180, not 1.

SEE ALSO

BURINTERVAL, BURLEVEL, BURMODE, BURON, PHASE,
RDYPOLARITY, SENDDUS, WAVEFORM
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RANGEA -- set channel A input range
RANGEB -- set channel B input range

SYNOPSIS
RANGEA vrms, "vrms' isthe top of rangein Volts
RANGEB vrms; RMS

INITIAL STATE

RANGEA 0.; RANGEB 0.; (autorange) are set by INIT or *RST

RETURNS

RANGEA?, or RANGEB?; returns the full scale voltage setting of the appropriate
input range, or 0.0 if the input is set to autorange.

DESCRIPTION

These functions set the appropriate channel's input range and return the nominal
full scale of rangein use.

The possible ranges are:

160V,80V,40V,20V,10V,5V,25V, 12V
600 mV, 300 mV, 160 mV, 80 mV

If the range specified is 0.0, autorange will be selected.

A common use of these functionsisto fix the input range by obtaining the range
voltage with SENDRANGEA and then call RANGEA with that value.

SEE ALSO

SENDRANGEA, SENDRANGEB
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RANGEGAIN -- set gain amp range

SYNOPSIS

RANGEGAIN gain;

INITIAL STATE

RANGEGAIN 0.0; (autorange) isset by INIT or RST

RETURNS

RANGEGAIN?; returns the gain the gain amp is actually set to, or 0.0 if the gain
amp is set to autorange.

DESCRIPTION

Sets gain amp range. The range selected hasagain equal to or less than the
requested gain.

If the gain specified is 0.0, autorange will be selected.

The following table shows the gains available and to what full-scale ranges they
correspond to in the various measurement mode of the analyzer:

AMPLITUDE THD & DIM CCIF & SMPTE
GAIN RANGE RANGE RANGE
1 80 mvV 100% 25%
4 20 mV 25% 6%
16 5mvV 6% 1.6%
64 1.2mvV 1.6% 04
256 300 uv 0.4% 0.1%
1024 * 0.1% 0.025%

* again of 1024 isvalid only for bandpass and bandreject measurements and
represents 75 uV.

Note that for the amplitude ranges, the input ranges (see RANGEA and

RANGEB) must be set to the 80 mV range before the ranges here are valid. The
distortion ranges are independent of the input range settings.
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Thisrange must be reprogrammed if the measurement mode of the analyzer is
changed (see FUNCTION). Otherwise, the resulting range is not determinate.

A common use of these functionsisto fix the gain amp gain by obtaining the gain
with SENDGAIN?, and then calling RANGEGAIN using the gain value.

SEE ALSO

SENDGAIN
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RANGEPHASE -- set phase measurement range

SYNOPSIS
RANGEPHA SE phase; "phase” isthe center of therangein
degrees. for the + or - 180 degree
range use the center phase of "0", for
0-360 use "180".
INITIAL STATE

RANGEPHASE 0; (The center of the +180 to -180 range) is set by INIT or RST.

RETURNS

RANGEPHA SE?; returns the center of the phase range selected, either 0 or 180.

DESCRIPTION
The function sets the phase measurement range best for the input value.

Possible ranges are 0 to +360 degrees, set using "180", and -180 to +180 degrees,
set using "0".

SEE ALSO
PHASE?, TRIGANA
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RATE -- set analog analyzer reading rate

SYNOPSIS

RATE rate; "rate" isin readings per second.

INITIAL STATE

RATE 4; isset by INIT or RST.

RETURNS

RATE?, returns the rate setting in readings per second.

DESCRIPTION

The function selects the measurement and level reading rate closest to or above
theinput value. RATE also selects the appropriate detector time constants.

Thisis abest estimate attempt. If a0 is passed, no action taken and the present
rate is retained.

Rates available are:

30, 15, 8, and 4 readings per second.
There is an inherent relationship between the fasttest valid reading rate and the
lowest frequency component of the measured signal. 30 readings per second
should be used only for repetitive signals faster than approximately 65 Hz.

Similarly, 15 readings/sec is valid for 29 HZ and faster, 8 readings/sec for 18 HZ
and faster, and 4 readings/sec for 10 HZ and faster.

SEE ALSO
RESPONSE
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RDYANY -- determine if any reading is available

SYNOPSIS

RDYANY;

RETURNS

Returnsa lif any reading is ready, O otherwise.

DESCRIPTION

This function determinesif any reading is ready from the Audio Precision
Interface Bus by reading a status bit. This bit is set by any module with areading
ready, thus allowing a single ready check to be made instead of polling everything
on the bus.

Once an "any ready" isfound, the individual ready functions may be used to
determine which module has the reading available.

The status bit is reset by this function so that any given "ready" will be returned
only once.

SEE ALSO
RDYMEAS, RDYBPFREQ, RDYDM, RDYDIN, RDYFREQ, RDY GENFREQ),

RDYKEY, RDYLEVEL, RDYPHASE, RDYPOLARITY, RDYDUS,
RDY DSPn.
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RDYBPFREQ? -- determine if BP/BR tuning is ready
RDYDIN? -- determine if digital input reading is ready
RDYDM? -- determine if a DMM reading is ready
RDYDMRANGE? -- determine if DMM range reading is ready
RDYFREQ? -- determine if a frequency reading is ready
RDYGENFREQ? -- is a generator frequency reading ready?
RDYKEY? -- determine if a program control key is ready
RDYLEVEL? -- determine if an input reading is ready.
RDYMEAS? -- determine if a main measurement is ready.
RDYPHASE? -- determine if a phase reading is ready.
RDYPOLARITY? -- determine if polarity reading is ready

SYNOPSIS

RDYBPFREQ?,
RDYDIN?,
RDYDM?;
RDYDMRANGE?;
RDY FREQ?:
RDY GENFREQ?:
RDYKEY?,
RDYLEVEL?,
RDYMEAS?:
RDYPHASE?;
RDYPOLARITY?,

RETURNS

1 if areading isready
0; otherwise

DESCRIPTION
These functions determine if the appropriate reading is ready.
Because readings functions do not return until areading is ready, the ready
functions may be used to avoid waiting for areading. These functions do NOT
clear their respective ready statuses and so may be called any number of times.
Only acall to the reading function will clear aready status.

If the particular reading is found to be ready, then a subsequent call to the
corresponding readings function will return areading quickly.
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Note that readings from the analyzer will free run at the selected measurement
rate and so will eventually become ready even without acall to TRIGANA.

Note that a FGEN? reading will never be ready unless triggered first using
TRIGGEN.

SEE ALSO

RDYANY, DIN?, DMM?, DMRUN, FANA?, FBP?, FGEN?, KEY?, LEVEL?,
MEASURE?, PHASE?, POLARITY?, SENDRANGEDM?, TRIGANA,
TRIGGEN, TRIGDIN, TRIGDMM
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RESPONSE -- set analyzer reading rate and detector time constant

SYNOPSIS
RESPONSE freq; "freq" isthe lowest frequency
response in Hertz
INITIAL STATE

RESPONSE 10.; isset by INIT or RST
Thereading rate is set to 4.

Both detectors time constants are set to their SLOWEST setting.

RETURNS

RESPONSE?, returns the frequency setting.

DESCRIPTION

There is an inherent relationship among the reading rate, the detector averaging
time and the lowest frequency component of the measured signal. The
combinations of detector time constant and reading rate will affect both low
frequency accuracy and digit bobble.

This function sets a pre-programmed combination of detector averaging speed and
reading rate for both the measurement and input level detectors.

The combination is optimized for maximum speed possible within reasonable
instrument accuracy for the given frequency of interest. It is by nature a
compromise, but has proven to give good measurement results under most
conditions.

Unless a specia application requires an unusua combination of averaging or
reading rate, this function is an excellent starting point for setting up the analyzer
to make a measurement at any given frequency.

The following table describes the choices made by this function. Each row isin

effect at or above the frequency given, with the appropriate columns selected by
the main voltmeter detector type.
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Programming Reference

RMS and AVG PEAK and QPEAK
> or =
FREQ DETSPEED READING| DETSPEED READING
RANGE RATE RANGE RATE
65 Hz || 4 (fast) 30/sec | NO EFFECT 30/sec
29 Hz 2 15/sec | NO EFFECT 30/sec
18 Hz 2 8/sec | NO EFFECT 30/sec
0 Hz || 1 (slow) 4/sec | NO EFFECT 30/sec

Additional information:

1 This function sets the detector averaging times for the RMS and
AVERAGE detectors. The detector speeds are not affected if the detector
typeis PEAK or QPEAK.

W

The level voltmeter detector speed is set the same as the main voltmeter.
The information in the table is subject to refinements by Audio Precision.

RESPONSE does not appear in the SET? response since the information is
available from RATE.

SEE ALSO

FNEXT, RATE
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SENDDUS -- make and return settled measurements

SYNOPSIS

SENDDUS;

RETURNS
the settled readings enabled by DUSENABLE, for example:

F 998.748;M 1.761E-3;L 0.99501,

DESCRIPTION

SENDDUS waits the amount of time specified by TRIGDELAY, then triggers the
analyzer, then waits until settling has occurred before returning any readings.

Since the analyzer hardware is capable of taking 4 measurements at once and the
DCX has 2 more, the DUSENABLE command indicates which measurements to
use. Each settling processis run independently of the others, and no readings are
returned until al of the requested readings have settled or time-out occurs.

The units for each of the returned valuesis the same as for their raw readings
functions, That is:

F FANA (Hertz)

M MEASURE

L LEVEL (Volts)

P PHASE or POLARITY (degrees)
DM  DMM (Vdc or Ohms)

DI DIN

DO DSPreading O

D1 DSPreading 1

D2 DSPreading 2

D3 DSPreading 3

The order of the readingsis as shown above.

The readings are all taken from the selected input channel except when the
analyzer isin a2 channel mode. 2 channel mode causes the input voltmeter and
the frequency counter to be connected to the opposite channel. For example, if
channel "A" is selected (CHANNEL A;) and the analyzer FUNCTION isin one
of the 2 channel modes, the input voltmeter and the frequency counter will be
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connected to channel "B". (See FUNCTION for adescription of the 2 channel
modes.)

The comparison tolerances and resol utions are set the various TOLxxx and
RESxxx functions.

Thetime-out limit is set by DUSTIMEOUT. Any measurement that has not
settled by time-out will have the average of itslast 6 readings returned.

The ability to return polarity information instead of phase is controlled by the
DUSENABLE function. If DUSENABLE POL; is called, then polarity
information will be returned instead of phase.

Note: A special serviceis performed for phase measurements. Since the hardware
aliases every 360 degrees, SENDDUS compares its settled phase reading against
the settled phase reading returned during a previous call. If the difference is more
than 180 degrees, SENDDUS adds or subtracts 360 degrees from the reading in
an attempt to correct for that aliasing. This means that the phase reading can be
much more than 360 degrees. DUSPHASECLR resets this correction to 0, and
can be called before each SENDDUS to prevent any correction.

SEE ALSO

DUSENABLE, DUSCLR, DUSPHASECLR, DUSTIMEOUT, TRIGDELAY,
and the many TOLxxx, RESxxx and POINTSxxx functions

FUNCTION (to set the main measurement mode.)

Settling algorithm description
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SENDGAIN -- read analyzer gain amp gain

SYNOPSIS

SENDGAIN?,

RETURNS

This function returns the present gain of the gain amp

DESCRIPTION

This function returns the gain of the gain amp for the main measurement (see
READING METER AUTO RANGE CONTROL in the hardware block diagram).

The possible gains are
1; 4; 16; 64; 256; 1024,

A common use of these functionsisto fix the gain amp range by calling
SENDGAIN to obtain the gain and then call RANGEGAIN with that gain value.

SEE ALSO

RANGEGAIN, STATG?, RANGEA, RANGEB, SENDRANGEA,
SENDRANGEB, SENDRANGEM.
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SENDRANGEA -- read channel A input range
SENDRANGEB -- read channel B input range

SYNOPSIS

SENDRANGEA?;
SENDRANGEB?,

RETURNS

the full scale voltage of the presently active input range, in volts RMS

DESCRIPTION

These functions read the appropriate channel's input range and return nominal
full scale of the rangein use.

The possible ranges are:

160V, 80V, 40V, 20V, 10V, 5V, 2.5V, 1.2V
600mV, 300mV, 160mV, 80mV

A common use of these functionsisto fix the input range by calling

SENDRANGEA?; (or SENDRANGEB) to obtain the range voltage and then
calling RANGEA (or RANGEB) with that voltage.

SEE ALSO

RANGEA, RANGEB, STATA?, STATB?, SENDGAIN, RANGEGAIN.
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SENDRANGEM -- read the measurement range

SYNOPSIS

SENDRANGEM?,

RETURNS

Measurement rangein Volts.

DESCRIPTION

Returns the nominal full scale in Volts of the range of the measurement presently
selected. Thisrangeis affected by the FUNCTION, CHANNEL and RANGE
settings.

This voltage correspondsto a 1.25 Volt output on the READING output on the
front panel of the LVF. For instance, if the LVF was set to measure
AMPLITUDE and the range returned by this function was 80 mVolt, then an 80
mVolt signal at the input to the LVF would appear as a1.25 Volt signa at the
READING output.

This function refers only to the range at the READING output. It always returns

the scalein Volts, even if the measurement mode is set to return areading in
percentages (such as THD%).

SEE ALSO

RANGEA, RANGEB, RANGEGAIN,
SENDGAIN?, SENDRANGEA?, SENDRANGEB?
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STATA --read channel A input range status
STATB --read channel B input range status
STATG -- read gain amp range status

SYNOPSIS
STATA?,

STATB?,
STATG?,

RETURNS
2 if over-ranged.

1if under-ranged.
0if in-range.

DESCRIPTION

The STATA and STATB functions read the appropriate channel's input range

status.

The GAIN AMP function reads the gainamp's range status.

Note that the over-range or under-range information is provided for only 30 msec.
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TERMA? -- read channel A termination status
TERMB? -- read channel B termination status

SYNOPSIS

TERMA?,
TERMB?,

RETURNS

Returns 1 if terminated.
Returns O if not.

DESCRIPTION
Reads the appropriate channel's termination status.

If the analyzer circuitry detects and input overload, it will disconnect the input
termination to protect the resistors from over heating. TERMA? and TERMB?
provide away of sensing if this has happened.

SEE ALSO
ZINA, ZINB
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TRIGANA -- delay then trigger analyzer

TRIGDIN -- delay then trigger the DCX digital input
TRIGDMM -- delay then trigger a new DCX DMM reading
TRIGGEN -- delay then trigger generator frequency reading

SYNOPSIS

TRIGANA delay; "delay" istrigger delay timein
TRIGDIN delay; seconds

TRIGDMM déelay;

TRIGGEN delay;

DESCRIPTION

Delaysfrom 0 to 15 seconds are allowed. Delay values outside this range will be
adjusted to the closest possible delay (ie. negatives are changed to 0 and numbers
greater then 15 are changed to 15).

TRIGANA causes the analyzer to wait the specified time for settling, then restart
all of itsreadings cycles. Readings in progress are aborted. Any readings function
called after thiswill wait for its appropriate new reading to be available.

TRIGDIN causesthe DCX to wait for the time specified in seconds then trigger a
reading from the digital input. Note that the digital input must have its readings
latched by either an external strobe or an internal strobe of rate set by DINRATE.

TRIGDMM causes the DCX to wait the time specified in seconds then restart the
DMM readingscycle. If areadingisin progress, it isaborted. The DMM
function, if called after this, will return the reading from this trigger.

TRIGGEN causes the generator to wait atime specified in seconds, then restart
it's frequency readings cycle. If areading isin progress, it is aborted. If the

FGEN? function is called after this, it will return the reading from this trigger.
Note that this trigger causes a single reading to be made.

SEE ALSO

DMRUN, FREQUENCY, FREQAUTOCAL, FGEN?, RDY GENFREQ?
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WFFILTER -- set wow & flutter weighting

SYNOPSIS
WFFILTER weight; "weight" is aweighting string from
the list below
INITIAL STATE

WFFILTER WTD; isset by INIT or RST.

RETURNS

WFFILTER?; returns the weighting filter setting.

DESCRIPTION

Selects weighting filter for Wow & Flutter (W& F-LVF hardware option).
Available weighting filters along with the recommended and minimal setting

strings are:

recommended minimal mode

"WTD" "W WEIGHTED

"WTDHF" "WTDH" WEIGHTED -HIGH BAND

"UNWTD" "U" UNWEIGHTED

"UNWTDHB" "UNWTDH" UNWEIGHTED -HIGH BAND

"WIDE" "Wl WIDEBAND -HIGH BAND

"SCRAPE" "S SCRAPE-FLUTTER -HIGH BAND
SEE ALSO

BPHZ, DETECTOR, FILTER, FUNCTION, HIPASS, LOPASS
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ZINA -- set analyzer channel A input impedance
ZINB -- set analyzer channel B input impedance

SYNOPSIS
ZINA impedance; "impedance” isanumerical valuein
ZINB impedance; ohms

INITIAL STATE

ZINA 100000; ZINB 100000; are set by INIT or RST.

RETURNS

ZINA?, returns the termination impedance setting for standard impedance even if
EURZ option isinstalled.

DESCRIPTION

This function selects one of the available terminations impedances for the
analyzer inputs.

The available terminations are:

"impedance” STANDARD EURZ option
< 350150 300

350-900 600 600

> 900100000 100000

The termination may remove itself from the analyzer's inputsif an overload is
detected. The TERMA? and TERMB? functions provide away of sensing this.

SEE ALSO

TERMA?, TERMB?
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DSP INTRODUCTION

The hardware architecture of System One's DSP (Digital Signal Processing)
module is flexible, with powerful digital processing of signals from both digital
and analog inputs and generation of signals at digital and analog outputs possible.
Like any computer, software is required to instruct the DSP hardware what to do.
In the System One "G" version Audio Precision makes available several software
programs loaded into the DSP EEPROM at the factory. Thisintroductory chapter
describes the features of the DSP hardware and programs which are common to
most or all the programs. Following chapters will describe the unique features
and applications of each of the programsin more detail.

Typical DSP Applications

The Digital Signal Processor modules are installed in the lower |eft-hand
compartment of System One, underneath the generator. When the DSP modules
areinstalled, System One becomes an SY S-200 series (" System One + DSP") or
SY S-300 series ("System One Dual Domain"). Both these series can make a
variety of enhanced audio measurements on analog audio signals.

Additionally, the SY S-200G and SY S-300G series can acquire waveforms and
analyze them. The acquired waveforms may be sent to a computer over the GPIB
for storage on disk, and later downloaded to the DSP for further waveform
examination or FFT analysis.

The SY S-300G is further distinguished by its ability to measure and/or stimulate
digital audio devicesin the digital domain, in both parallel and several serid
formats. This capability, added to the existing System One capability for audio
signal generation and measurement in the analog domain, allows the SY S-300
models to test analog and digital audio devicesin any of the four possible
combinations; A-A, A-D, D-A, or D-D. Audio Precision has coined the term
Dual Domain™ to describe the mixed analog and digital testing.

DSP Architecture

The Digital Signal Processor modules include two or three DSP chips, memory,
16-bit A/D and D/A converters (2 Volts RMSfull scale), and supporting circuitry.
Memory may be of two sizes, with the memory size controlling the duration of
signal which can be acquired and thus the ultimate FFT resolution available. A
standard SY S-200 series contains 8 k samples of memory per channel and
permits FFT spectrum analysis of up to 2k lines. Adding the MEM option to an
SY S-200 or moving to the SY S-300 series increases memory to 30,720 samples
per channel and permits FFT spectrum analysis up to 8k lines. For the various
types of enhanced measurements on signals in the analog domain, analog signals

DSP HARDWARE 189



Audio Precision System One

CHANNEL
INPUT

CHANNEL
INPUT

GEN MON
GEN SYNC
AC LINE

A: t:::
ANALOG INPUT
B

are converted into the digital domain by two A/D converters. All remaining
processing and measurement is then digital. The points at which the analog signal
may be acquired include (in effect) the CHANNEL A, CHANNEL B, and
READING monitor connectors of the analyzer, the MONITOR connector of the
generator, and two additional BNC input connectors dedicated to the DSP.

The SY S-300 (Dua Domain) series can additionally acquire and generate 24-bit
digital audio signalsin the AES/EBU and SPDIF serial coaxial and optical
formats at front panel connectors, and general-purpose serial and parallel-format
signals at connectors at the rear of the enclosure. (See Block Diagram) Note that
the BNC connectors labeled ANALOG INPUTS A and B are unbalanced, DC-
coupled inputs of 2 Volts RMS full scale. The"TRIGGER" block is a hardware
trigger circuit which shares the same interrupt with the output signal circuitry.
Thus, FFT programs which have signal generation capability have only software
triggering capability.
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DSP Programs

There are currently seven DSP programs stored in the G version
EEPROM when it leaves the factory. These programs are:
FFTGEN Signal generation and FFT analysis
FFTSLIDE FFT analysis with pre and post trigger
GENANLR Digital sinewave generation and distortion analysis
HARMONIC Individual harmonic amplitude measurements
BITTEST Digital data error measurements
FASTTEST Generate multi-sinewave signals with FFT analysis
FASTTRIG Generate multi-sinewave signals with FFT analysis

The LOADDSP command will load and run the selected DSP program.
The DIRDSP? command will provide a current list of DSP programs.

DSPHELP
Use the DSPHELP? command to get a list of commands specific to the

DSP section of System One and use DIRDSP? to get a list of the DSP
programs available and the current DSP program which is running (if any).

DSP Input Operation

Rate vs Bandwidth

The RATE choices available in the hardware are 1 kHz, 8 kHz, 32 kHz, 44.1 kHz,
48 kHz, 176.4 kHz, and 192 kHz. Not al rates are available in all DSP programs.
The AES/EBU and serial digital input and/or output capability functions only
with the 32 kHz, 44.1 kHz, and 48 kHz rates. The remaining rates, if available in
aparticular program, function only with the parallel ports and as effective
sampling rates of the A/D converters for acquiring analog signals.
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Frequency Response vs Sampling Rate

The bandwidth available with any rate cannot exceed half the samplerate, as
originally shown by Nyquist. In practice, the useful bandwidth is somewhat less
than half the sample rate. System One's DSP module, when acquiring analog
signals, actually functions with the A/D converters always operating at a 192 kHz
or 176.4 kHz sample rate and with an anti-alias low-pass filter bandwidth from
zero to 80 kHz. When alower samplerate is selected, a second DSP chip
functions as a decimator, effectively scaling down both the sample rate and the
anti-alias filter corner frequency to lower values. The figure shows the Frequency
Response vs Sampling Rate of the analog input channels at each sample rate.
Typical 3 dB pointsare 375 Hz at the 1 kHz rate, 3.94 kHz at the 8 kHz rate, 15.7
kHz at the 32 kHz rate, 21.6 kHz at the 44.1 kHz rate, 23.5 kHz at the 48 kHz
rate, and 85.3 kHz at the 176.4 and 192 kHz rates. Linear-phase acquisition of
analog signalsisonly available at sample rates of 48 kHz and lower. The 1 kHz
sample rate isintended only for acquisition and spectral analysis of very low
frequency signals such as wow and flutter.

The bandwidth of the signal being acquired may be further limited by the
processing selected in the System One analog hardware. For example, when
acquiring through the READING (RDNG) signal path, the lowpass, highpass,
tunable bandpass, and any optional filters selected will all affect the signal. When
measuring intermodulation signals from the READING meter, the measurement
bandwidth will be limited by the IMD mode selected. Consult the Analyzer
section of this manual for information on the measurement bandwidth in any
anayzer mode.
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DSP Input Signal Selection

Both System One + DSP (SY S-200 series) and System One Dual Domain (SY S
300 series) can acquire and perform analysis of analog signals. System One Dual
Domain can furthermore acquire digital audio signals directly in the digital
domain.

The CH1IN, CH2IN, and INTY PEDSP commands permit selection of the signal
type and source. The DSP isafully two-channel device, with two digital input
channels and two separate A/D converters and anti-alias filters for two analog
signals. Note that the DSP channels have been named CH-1 and CH-2, to avoid
confusion with the analog analyzer's A and B input channels.

If ADC isselected as INTY PEDSP, one or two channels of analog signal will be
converted to digital samples by the two 16-bit A/D convertersin the DSP unit and
presented to the DSP chip for analysis. When ADC is selected, the CH1IN and
CH2IN choices available are ANLRA, ANLRB, RDNG, GEN, DSPA, DSPB, and
OFF. ANLRA and ANLRB are buffered ac-coupled signals taken from the
analog analyzer CHANNEL A and CHANNEL B inputs, respectively, following
the input ranging circuits but before any filtering. RDNG is the ac-coupled
analog analyzer READING meter signal, following all analog processing in the
analyzer. The RDNG signal thus follows the analog analyzer's tunable bandpass-
bandrgect filter, any standard high-pass and low-pass filters selected, and any
plug-in option filter or external filter selected. In the intermodulation distortion
modes, the RDNG signal follows the AM detection (SMPTE/DIN mode) and
filtering (all IMD modes) of the intermodulation analyzer board. In wow and
flutter mode, the RDNG signal is the weighted or unweighted (as sel ected) output
of the wow and flutter discriminator.

GEN refersto the analog generator's MONITOR OUTPUT signal. Thisisan
approximate 2.8 Volt p-p constant-amplitude version of the analog generator
output waveform. It is present even when OFF has been selected with the analog
generator's OUTPUTGEN command. This provides a convenient way to acquire
the waveform of asignal going out the System One analog generator output.

DSPA and DSPB refer to the dc-coupled, unbalanced BNC input connectors
labeled ANALOG INPUTS A and B on the DSP module.

In System One Dual Domain models (SY S-300 series), if SERIAL, PARALLEL,
or DGEN are chosen as the source with the INTY PEDSDP command, the choices
at CH1IN and CH2IN become A, B, and NONE. SERIAL includes three seria
data formats, selected with the SERIALMODE command. The formats are the
AES/EBU digital audio format at afront panel female XLR connector, the
SPDIF/EIAJ (Sony Philips Digital InterFace) digital format at an RCA phono
type coaxial connector and an optical connector, both functionally in parallel with
the AESYEBU input connector, and a general-purpose serial format at the rear-
panel 15 pin "D-sub" connector. The parallel input connector islocated on the
instrument rear panel. A and B refer to the two multiplexed channels available in
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any of these digital formats. These are often assigned, respectively, asleft and
right channels of audio in a stereo recording or transmission. DGEN refersto the
digital generator output. The DGEN selection may be thought of as functionally
similar to the GEN MONITOR path between the analog generator and analog
analyzer. However thisis a software loopback function and isindependent of the
channel selection of the output.

DSP Output Operation

Some of the DSP programs include signal generation capability. Signals
generated in any of the DSP hardware models can be furnished in analog format.
In a Dual Domain unit, they can also be furnished in digital formats. Some DSP
programs may use the analog output capability simultaneously with the digital
output. Consult the section on the DSP program being used for specific
information.

Analog Outputs

When the OUTTY PEDSP DAC selection is made, analog output from the digital
generator isavailable viaan internal 16-bit D/A converter with approximately 2
Volts RMSfull scale output. Distortion of the D/A converter istypical of 16-bit
converters at about -85 to -90 dB, considerably inferior to the System One analog
generator. The channel selections A, B, ON (A&B) with the OUTCHDSP
command all have the same effect when D/A is selected, since thereisonly a
single D/A output.

Generator Analog Output via D/A Connector

This analog output signal may be obtained at the ANALOG OUTPUT D/A
connector of the DSP module, ground-referenced, with atypical two Volt RMS
amplitude at 1.0 FFS (Fraction of Full Scale) amplitude. Amplitude control at
this connector is available only by varying the DGENAMPL command setting.
Thus, fewer bits of the output D/A arein use at lower amplitudes. Distortion asa
percentage of the signal amplitude will increase at lower amplitudes. Likewise,
resolution decreases at lower amplitudes.

Generator Analog Output via Analog Generator Output Stage

The D/A output signal may also be routed through System One's analog generator
amplitude control circuitry, power amplifier and output transformer, and circuitry
for selection of source impedance, balanced vs unbalanced connections, and
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floating vs ground-referenced connection. To route the D/A signal through the
analog generator outputs, specify WAVEFORM DSP for the generator. The
digital generator output DGENAMPL command will then be over-ridden (set to
maximum) so that al control of amplitude comes from the AMPLITUDE
command of the generator. Frequency is controlled from the DGENFREQ
command. In this mode, the digital signal constantly operates at the full 16-bit
resolution of the D/A. Thus, the output waveform distortion is essentially
unaffected by the generator's AMPLITUDE setting. Resolution is also improved
at low amplitudes.

When the D/A output is routed through the analog generator output stage by the
WAV EFORM DSP selection, the generator's output commands provide normal
stereo mode selection.

Digital Audio Outputs

SERIAL or PARALLEL may also be selected with the OUTTY PEDSP command
if aDual Domain (SY S-300G) systemisin use. The general-purpose parallel
output connector is located on the rear panel. The SERIALMODE command of
the DSP permits selection among three serial formats and four connectors. The
general-purpose seria output and input share a 15-pin D-sub connector on the rear
panel. The AESJEBU output isamale XLR connector on the front panel,
functionaly in parallel with the SPDIF RCA phono connector and optical
connectors on the front panel. All digital formats are multiplexed dua channel,
24 bit linear 2's complement format.

Since the digital interfaces are al two-channel multiplexed signals, the
OUTCHDSP permits the signal to be present as channel A, channel B, both (ON),
or OFF.

Dither

The SIZE command in most cases, controls the amplitude of dither added to the
digital generator output. 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 isintroduced before quantizing and
serves to randomize the quantization distortion and produce an undistorted signal
with adlightly higher noise floor. The digital generator generates a 24-bit
resolution signal at al times. When the digital device under test has less than 24-
bit resolution, only the higher (most significant) bits from the generator will be
used. If an undithered signal is desired, set the DITHERTY PE command to OFF.
To set dither at any desired bit level, enter that bit number with the SIZE
command. For example, proper dither for a 16-bit system is obtained by entering
16 in thiscommand. When the D/A converter is selected as the output port, the
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S ZE command is over-ridden and internally set to 16 bits, regardless of the S ZE

setting.

Three choices of dither are

available; TRIANGULAR, PROBAB
RECTANGULAR, and SHAPED. OF
The selection between them is made %%ﬁgg'
viathe DITHERTY PE command.

Note that the dither selection aso
controls dither added at the parallel PROBAB

digital output. TRIANGULAR OF

dither (TRI) is the default choice. %‘éﬁgg

TRIANGULAR and

RECTANGULAR refer to the ) - - -
shape of the probability functions of 1T vz o0 -2 A
the two types of dither. The AMPLITUDE IN BITS

frequency spectrum of each isflat Triangular_ (Above) anql _Rectangu_lar
(white). TRIANGULAR dither can (Below) Dither Probability Functions

add or subtract up to one bit peak

amplitude at the selected SIZE. RECTANGULAR dither can add or subtract only
1/2 bit amplitude. Thus, TRIANGULAR dither increases the noise floor more
than RECTANGULAR. However, RECTANGULAR dither will result in
variations of the noise floor as a function of signal amplitude, while the noise
floor isindependent of signal with TRIANGULAR dither. Shaped dither hasthe
same probability density function as triangular dither but its frequency spectrum
has been shaped to concentrate its energy at high frequencies where the ear isless
sensitive. When signal to noise ratio is measured with aweighting filter to
simulate human hearing, shaped dither will produce lower noise readings than the
other choices. It will still provide the independence of signal level that triangular
dither offers.

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, 19809.
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AES/EBU and SPDIF/EIAJ Interfaces

AES/EBU Status Bytes

The AES/EBU digital audio transmission standard (AES3-1985, also ANSI
$4.40-1985) contains 24 8-bit status bytes in addition to two channels of digitized
audio signals. The RCVSTATUS command permits GPIB transfer of received
status bytes at the AES/EBU and SPDIF/EIAJ output connectors of Dual Domain
units. The XMITSTATUS command permits control over the status bytes
transmitted at the AES/EBU and SPDIF/EIAJ output connectors of Dual Domain
units.

The AES/EBU standard defines the use of many of the status bytes. Some of
those status bytes are also defined in the SPDIF/EIAJ consumer digital audio
transmission standards. Use of byte zero is critical to proper interfacing to
professional digital audio devices. Several of the other bytes may be useful,
particularly bytes 1 - 3 may be required by the receiving device for proper
reception of data.

SAMPLE
BYTE ADDRESS CRCC

ZERO

01 2 3 4 5 6 7 8 9 101112 13 14 15 16 17 149 19 20 21 22 23
RCV : 04 00 00 00 00 OO0 00 00 00 0O 00 00 0O 00 AS 49 8D 16 00 00 00 00 0O CE
XMIT: 04 00 00 00 00 00 OO0 0O OO0 OO 00 00 00 00 00 00 00 00 00 OO0 OO 0O 0O 0O

Example of AESEBU XMIT and RCV bytes

Byte Zero

Byte zero defines (when transmitted) and displays (when received) a number of
important parameters including use and type of emphasis, selected sample rate,
and consumer vs professional use. In order to successfully transmit digital datato
adevice such as adigital recorder, first use RCVSTATUS to determine the codes
coming from the machine while in playback mode. Duplicating those codes via
XMITSTATUS will then normally cause the machine to accept the digital signa
from System One Dual Domain. Changes from the received code will be
necessary if, for example, the default playback mode uses emphasis but the user
wishes to test without emphasis. Some of the common two-character

hexadecimal codes for byte zero are shown in the following table:
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Hex Code Emph. Pro/Consumer Misc

00 no consumer copy inhibit
04 no consumer copy OK
08 50/15 consumer copy inhibit
0oC 50/15 consumer copy OK
01 no professional rate n/i

oD 50/15 professional rate n/i

81 no professional 48 kHz

8D 50/15 professional 48 kHz

41 no professional 44.1 kHz
4D 50/15 professional 44.1 kHz
C1 no professional 32 kHz

CD 50/15 professional 32 kHz

The "rate n/i" entry under Misc means that the sample rate is not indicated in the
status bytes. In practice, the receiver uses the transmitted signal's clock rate to set
sample rate, since the rates must match to allow reception of data. However,
some equipment requires the received clock rate to match the rate encoded in the
status bits. The 50/15 entry under emphasis means that 50/15 microsecond pre-
emphasis (CD type) is used during recording and matching de-emphasisis used
during playback.

Sample Address Code

The Dua Domain interface also generates a "sample address code" and transmits
it on bytes 14-17. This code serves a similar function to arecording index counter
on analog tape recorders. The code is reset to zero whenever a Util Restore menu
command isissued. These bytes are not defined in any of the consumer versions
of the interface.

CRCC Code

Byte 23 isa CRCC (cyclic redundancy check character) code. Thiscodeis
computed by the Dual Domain interface for each status block and transmitted on
byte 23. A receiving device could use this byte to detect errors occurring during
transmission or recording and reproduction of the status bytes. This byteis not
defined in the consumer versions of the interface.

Other Bytes

Any of the 24 bytes except bytes 14-17, which carry the automatically-generated
sample address code, may have any hex value entered and thus transmitted until

DSP HARDWARE 198



IEEE-488 Programmers Manual Programming Reference

changed. Refer to the AES/EBU or EIAJ standards for the definition of these
other bytes.

Parallel Digital Interface

The general purpose parallel ports are multiplexed dual channel, 24 bit linear 2's
complement format. They are intended for connecting to A/D and D/A converters
or for direct connection to DSP systems under test.

Parallel Port General Information

The parallel ports are available on the rear panel of the system. The input and
output each consist of a 34 pin dual row square pin connector. Thisisintended to
mate with a multiconductor ribbon cable with a crimp-on insulation displacement
connector. These cables may then be connected as desired at the other end. To
reduce the risk of damage it is strongly recommended that all connectionsto the
parallel ports be made with power to the System One turned off.

There are 24 datalines, a channdl sealect

333129 2725232119 171513 11 9 7 5 3 1 line, astrobe line and a sample clock
|OOOOOOOOOOOOOOOOQ\ line. The remaining pins are grounds,
000000000000 00O00 plusone +5V power line. Thetable
343230 2826 242220 1816 141210 8 6 4 2 below lists the pinout of both input and

output connectors. All linesare
Pin Numbering Parallel Input and independent between the two connectors
Output Connectors except the samplg cl ocl_< output, whichis
shared. The previousfigureillustrates
the physical orientation of the pinson the
connectors when viewed from the rear of the instrument. Note the location of the
key slot in the System One connector which prevents reverse installation of the
mating cable connector. The cable connector key is asmall raised portion in the
center of one of the wide surfaces of the cable connector. It ishighly
recommended that mating connectors be used which have the corresponding key.
Thiswill prevent mis-insertion and reduce the risk of damage to the system or to
the device under test.
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Parallel Interface Connector Pin Assignments

Pin# Function Pin# Function

1 Ground 18 Bit 8

2 Ground 19 Bit 7

3 Bit 23(MSB) 20 Bit 6

4 Bit 22 21 Bit5

5 Bit 21 22 Bit 4

6 Bit 20 23 Bit 3

7 Bit 19 24 Bit 2

8 Bit 18 25 Bit 1

9 Bit 17 26 Bit 0 (LSB)

10 Bit 16 27 Ground

11 Bit 15 28 Channel Select In
12 Bit 14 29 Ground

13 Bit 13 30 Data Strobe In

14 Bit 12 31 +5 Volts

15 Bit 11 32 Sample Clock Out
16 Bit 10 33 Ground

17 Bit9 34 Ground

The +5V power line provided on the connectorsisintended only to be used to tie
unused data or control inputs high if necessary. The power supply of the System
One has not been designed to source current to customer-supplied devices.

All integrated circuits which connect directly to connector pins have been placed
in sockets for easy replacement in the event of damage. All input and output data
bits are processed through 74ACT670 Dual Port Register Files. Control lines are
buffered with 74AC244 Octal Buffers.

Parallel Input

The paraléel input accepts 24 bit data on the data lines and latches it when the
strobe line makes atransition from low to high. The dataislatched into the
channel A input when the channel select line is held low and the strobe makes a
transition from low to high. The datais latched into the channel B input when the
channel select lineis held high and the strobe makes a transition from low to high.
Latching channel B data also generates an interrupt for the System One, 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 lineislow. A
transition on the channel select line while the strobe lineis low will cause an
incorrect latch operation. Figure NN 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
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the DSP to read the data. If asingle channel interface is desired, it must therefore
be configured as Channel B and the channel select line connected to +5V.

«—2— -4

DO-D23

GHET X X

STROBE
4—1—»14734>l45>
1 CHANNEL SELECT-TO-STROBE SETUP TIME OnS MIN
2 CHANNEL SELECT-TO-DATA VALID TIME 39nS MIN
3 STROBE PULSE WIDTH 100nS MIN
4 STROBE-TO-NEW DATA HOLD TIME 70nS MIN
5 STROBE-TO-CHANNEL SELECT HOLD TIME OnS MIN

Timing Diagram, Parallel Input Port

All datainputs are TTL level-compatible high speed CMOS inputs. Thisalows
connection to awide variety of devices without loading concerns. The
capacitance of each datalineis approximately 10 picoFarads. There are no
termination or pull-up resistors. If lessthan 24 bits are applied to the input, the
data must be applied to the most significant bits and the unused L SB input lines
must be connected to ground. The strobe line and channel select line are CMOS
level high speed CMOS inputs. This logic family was selected to reduce the
effect of crosstalk into these inputs.

The channel select and strobe inputs are internally pulled high with resistors. 1f
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 to couple transitions into
one or both inputs, causing mis-operation of the interface. To reduce the
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magnitude of this coupling, the channel select and strobe lines should be driven
from alow impedance source. Using shielded or ground-plane ribbon cable will
reduce the coupling of data-line transitions into the strobe or channel-select
inputs. Placing resistors of from 22 Ohmsto 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
datalines and the strobe line. If this occurs, the strobe line may be removed from
the bundle and run separately from the remaining lines.

L ogic noise on the System One ground connections may induce noise in the
analog portions of the circuit being measured if careis 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. 1f ground noise effects are suspected, the grounds of
the converter board under test and the System One may be isolated with ferrite
beads in the ground conductors or by opto-isolators in the data link.

Parallel Output

Note that dither isalso fully operational for the parallel digital output signal. See
the dither section above on page NN for details.

The output port provides 24 bit data on the datalines at all times. The channel
select line determines which channel's data appears on these lines. The read
strobe line causes both channels of data to be updated, and signals the System
One processor that another pair of datawords are required. The datais buffered
with atwo stage FIFO buffer which guarantees that data will be available when
needed rather than after the processor's service delay. Aslong as the maximum
sample rate restriction is obeyed the two stage buffer will never empty. Figure
NN 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 areread. 1f asingle channel output is desired, the port should
be configured as Channel B and the channel select line connected to +5V.

The paralel inputs and outputs may be operated at any sample rate selectable
from the panel of the DSP program being run. The internal sample clock
generator can produce a square wave sample clock at 32 kHz, 44.1 kHz, or 48
kHz. The DSP program in use may limit the choice of sample rates based on
program processing time limitations. The internal sample clock generator also
appears on pin 4 of the rear panel serial connector along with a 64x version of the
sample clock. This higher frequency signal may be useful for clocking de-
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glitchers or similar circuits on the device under test. If an external sync signdl is
applied to the external sync input, the sample clock outputs will lock to it.

Thereis 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 bufferswill alow sample jitter
in the input and output operations of as much as 3/4 of a sample period.

« 2 »+—4

D0O-D23

Gy X X

STROBE
k1—>14734>145>
1 CHANNEL SELECT-TO-STROBE SETUP TIME 22nS MIN
2 DATA-TO-STROBE SETUP TIME 33nS MIN
3 STROBE PULSE WIDTH 100nS MIN
4 STROBE-TO-DATA HOLD TIME 17nS MIN
5 STROBE-TO-CHANNEL SELECT HOLD TIME 8nS MIN

Timing Diagram, Parallel Output Port

Parallel Port Connection Examples

Figure NN shows the wiring required to connect a Burr-Brown PCM 78 A/D
converter evaluation board to the parallel input. Thisisasingle channel device so
it has been connected to the channel B input. The 16 most significant data lines
of the DSP are connected to the 16 data lines of the evaluation board. The
channel select lineis connected to +5V and the lowest 8 DSP data input lines are
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connected to ground. This evaluation board requires a start conversion pulse
which is generated from the DSP sample clock output. The converter requires
that this pulse be a minimum of 50 ns but also will not begin conversion until the
pulse returns high. The diode/resistor/capacitor network shown provides this one-
shot action. When the conversion is complete, the datais latched into the input
using the data strobe line. The converter data format must be set to twos
complement using the jumper on the evaluation board.

Figure NN shows the wiring required to connect a Crystal Semiconductor CDB
5326 A/D converter evaluation board to the parallel input. Thisisadual channel
device so it uses both channel A and B inputs. The 16 most significant data lines
of the DSP are connected to the 16 data lines of the evaluation board. The lowest
8 DSP data input lines are connected to ground and the DSP channel select lineis
wired to the evaluation board's channel select output. The converter generatesits
own start conversion command. The conversion-complete pulseis used to latch
datainto the parallel inputs.

DSP HARDWARE 204



IEEE-488 Programmers Manual Programming Reference

Burr-Brown PCM78 A-D Converter Fixture Crystal CDB 5326 A-D Converter Fixture
System One System One
Connector Parallel In Connector] Crystal Connector Parallel In Connector;
pin  function function pin pin  function function pin
Ground 1 Ground 1
Ground 2 Ground 2
Bl MSB (bit 23) 3 8 DI5(MSB) MSB (bit 23) 3
B2 Bit 22 4 10 Di4 Bit 22 4
B3 . Bit 21 5 12 D13 Bit 21 )
B4 Bit 20 6 14 D12 Bit 20 6
BS Bit 19 7 16 Dil Bit 19 7
B6 Bit 18 8 18 D10 Bit 18 8
B7 Bit 17 9 20 D9 Bit 17 9
B8 Bit 16 10 22 D8 Bit 16 10
B9 Bit 15 11 24 D7 Bit 15 11
B10 Bit 14 12 26 D6 Bit 14 12
BI11 Bit 13 13 28 DS Bit 13 13
B12 Bit 12 14 30 D4 Bit 12 14
B13 Bit 11 15 32 D3 Bit 11 15
B14 Bit 10 16 34 D2 Bit 10 16
Bi15 Bitg 17 36 D1 Bit 9 17
B16 Bit 18 38 DO(SB Bit 8 18
JAEER Bit7 19 ) Bit7 19
— Bit6 20 |, Bit6 20
— Bit5 21 | BitS 21
— Bit4 2 | JUMPER Bit 4 22
j—s Bit3 23 Bit3 23
— Bit2 24 | Bit 2 2
— Bitl 25 GND Bit1 25
— LSB@it0) 26 LSB (Bit0) 26
[GND+—————————le—s  Ground 27 Ground 27
NC r—= Channel Select In 28 6 X@R) Channel Select In 28
Ground 29 Ground 29
DataStrobeIn 30 | 4 LCLK Data StrobeIn 30
+5 Volts 31 | NC +5 Volts 31
Sample ClockOut 32 |, NC Sample ClockOut 32
0.001 vF Ground 33 | Ground 33 |
HOTTKY Ground 34 | Ground 34 |
All pins labeled Ground on System One connec- | Connect U4 pin 16 (VD+) on Crystal board to
tor should be grounded at the Burr-Brown board. point X (pin 6) for channel control.
Bits O through 7 on System One connector must be
grounded. Pins 7,9, 11, 13, 15, 17, 19, 21, 23, 25, and 27
on Crystal connector must be grounded.
[ All pins labeled Ground on System One connec-
| tor must be grounded. Bits O through 7 on System
} One connector must be grounded.

Connection Diagram, Burr-Brown
PCM78 A/D to DSP Parallel Digital Input Connection Diagram, Crystal Semiconductor
CDB 5326 A/D Converter Board and DSP
Parallel Input
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The Figureillustrates the

required connections dbx A-D Converter Fi"st;‘s‘;‘ém One
between the DSP and the dbx Connector Parallel In Connector
dbx A/D converter board. pin  function function pin
Thisisasingle channel 4 Ground Ground 1
device so it has been 43 Ground Ground 2
connected to the channel B 1 MSB MSB (bit 23) 3
input by wiring the channel % g!l 18 Bit 22 4
select lineto +5V. The 3 B;: ig g;: %(1) g
converter generates a 20 bit 5 Bitls Bit 19 7
word which is connected to 6 Bitl4 Bit 18 8
the 20 most significant bits 7 Bitl3 Bit 17 9

8 Bitl2 Bit 16 10

of the parallel input. The

. . . 9 Bitll Bit 15 11

lowest 4 input bits are tied 10 Bit10 Bit 12 12
to ground. The converter 11  Bit9 Bit 13 13
generates its own start 12 Bit8 Bit 12 14
conversion command. The S Bit 7 Bit 11 15
conversion-complete pulse by g;: g g;: ;0 :g
isused to latch datainto the 16 Bit4 Bit 8 18
parallel inputs. A logic 17  Biut3 Bit 7 19
inverter isrequired ;8 lBiit % Bit g %0
rd clock it Bit 1

between 'ghe word cloc 2 LSB@it0) Bira »
output (pin 25) of the dbx 31  Ground Bit3 23
board and the data strobe 32  Ground Bit 2 2
input (pin 30) of the DSP 33 Ground Bit 1 25
connector. 34 Ground LSB (Bit0) 26
30 Ground Ground 27

NC JUMPER r~+ Channel Select In 28

24 Ground Ground 29

25 INVClock Out] DataStrobeln 30

NC +5 Volts 31

NC ' Sample ClockOut 32

45  Ground Ground 33

46  Ground Ground 34

29  Output Enadble Ground 34

33  Ground Ground 34

19  2’scomplement  Ground 34

Connection Diagram, dox A/D Converter Board
and DSP Parallel Input
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Connecting the companion D/A ‘d’b” DAC -
converter board from dbx is equally X D-A Converter F"g“s"fem One
easy, asshown in The Figure. This dbx Connector Parallel Out Connector
board consists of a Burr-Brown 18 pio  function function pin
bit D/A converter, a deglitcher, and Z grrgml groung ;
asimple reconstruction filter. The S0 Invenied MSB (17) L{;;“(bh ) 2
board is ordinarily used to turn the 49 Bit16 Bit 22 4
A/D converter's output into an 48  BitlS Bit 21 5
analog signal for evaluating the w o a 20 J
A/D. However, it is representative 45 Bit12 Bit 18 8
of connecting a parallel input D/A j‘; g?; ;‘1) g?t ig g
converter to the Audio Precision 42 BiY Bit 15 s
DSP parallel output. The most 41 Bit8 Bit 14 12
significant 18 bits of the parallel 40 Bit7 Bit13 13
output are connected directly tothe | | 33 B Fots s
converter's 18 inputs. The unused 37 Bit4 Bit 10 16
bits from the parallel output are gg Bit 3 Bit9 17
simply left unconnected. The 2 ml oug -
channel select lineistied high to 33 LSB(BIit0) Bit6 20
put the converter on the channel B gg Bit 5 21
output but either channel will work NC g;:g %% §
equaly well. Sincethe D/A is NC Bit2 24 |
straight binary format, not twos Ne Bitl 25 ||
complement, alogic inverter must 21  Ground lésrfun(g“ 2 %g |
be used between the MSB (pin 3) NC U2 Channel SelectIn 28 | |
output of the DSP unit andtheMSB | | 22  Ground Ground 29 |
input (pin 1) of the dbx board. NC R ibeIn 30
NC Sample ClockOut 32
5  Ground Ground 33
6  Ground Ground 34
Rear Panel Serial Connector

The 15 pin "D-sub" connector on
the rear panel provides severd
auxiliary signasfor the parallel and
AES/EBU/SPDIF interfaces, and
provides a general purpose serial
input/output port. Clock outputs
are provided to facilitate operation
of the parallel port and to Connection Diagram, dbx D/A Converter
synchronize external deviceswith Board and DSP Parallel Output
the AES/EBU signal. The pinout of
the connector is detailed below.
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v
>
I+

Function

Ground

+5Volts

Auxiliary input

Internal sampling clock output

64x Internal sampling clock output
Serial Output data output
AES/EBU Input word strobe output
Ground

Unused

10 Serial Input bit clock input

11 Auxiliary output

12 Serial Output bit clock input

13 Serial Input data input

14 Serial Output word strobe input

15 Serial Input word strobe input

@ooxlcnm-boomp‘_

General Purpose Serial I/O

The general purpose serial port consists of six signals, three for the input port and
three for the output port. The serial port shares hardware with the AES/JEBU-
SPDIF/EIAJinterface, so the two may not be used simultaneously. The selection
between the general purpose seria interface, the AES/EBU interface, and the
SPDIF/EIAJ interface is made with the UTIL SERIAL-DSP command on the
command line menu. The hardware word width of the general purpose seria port
isalways 24 bit, although the SIZE field on the panel may be used to reduce the
number of bits used in software.

The seria input consists of threelines, all of which are inputs to the hardware.
These inputsare TTL level compatible CMOS inputs. Thereisadatainput, a bit
clock input and aword strobe input. The interface always operates in a dual
channel mode with a word-width word-strobe input. If this port is used the
AES/EBU and SPDIF/EIAJ interface ports (both input and output) are not
available.

Serial input datais clocked on the falling edge of the bit clock. The most
significant bit is alwaysfirst. The clock signal must be 48 times the data sample
rate providing 24 bit data for each channel. This may be obtained with a gated
clock at 64 times the sample rate which liesidle for 8 bits of the 32 bit frame as
illustrated in the figure. The maximum word strobe frequency is 48 kHz, the
minimum is 32 kHz. The maximum bit clock frequency is 3.072 MHz (64 times
the 48 kHz sample rate).
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- ™
BIT CLOCK N |
MSB qﬁ MSB
DATA IN/OUT  LSB A N I O O R ) [ T 1
WORD CLOCK N __ | 4%0(5
CHANNEL A =L CHANNEL B CHANNEL A
BIT CLOCK IN TIMING DETAILL
WORD CLOCK IN
1 WORD CLOCK INPUT SETUP TIME (to bit clock rising edge) 50 nS minimum
2 WORD CLOCK INPUT SETUP TIME (to bit clock faling edge) 75 nS maximum
3 BIT CLOCK PERIOD 312 nS minimum
4 DATA INPUT SETUP TIME (to bit clock falling edge) 30 nS minimum
5 DATA INPUT HOLD TIME (from bit clock falling edge) 50 nS minimum
6 BIT CLOCK TO DATA OUTPUT DELAY (from bit clock rising edge) 75 nS maximum

General Purpose Serial Input-Output Port, Timing Relationships

The seria output consists of threelines. Two are TTL level compatible CMOS
inputs and oneisaCMOS level output. The serial datalineisan output, the bit
clock and word strobe are both inputs. If thisport is used the AES/EBU and
SPDIF/EIAJinterface ports (both input and output) are not available.

Serial output datais clocked out on the rising edge of the bit clock. The most
significant bit is alwaysfirst. The clock signal must be 48 times the data sample
rate providing 24 bit data for each channel. This may be obtained with a gated
clock at 64 times the sample rate which liesidle for 8 bits of the 32 bit frame as
illustrated in the figure. The maximum word strobe frequency is 48 kHz, the
minimum is 32 kHz. The maximum bit clock frequency is 3.072 MHz (64 times
the 48 kHz sample rate).

The signals required to clock data at the serial interface may be created from the
64x master clock on the serial connector. Care should be taken to insure noise-
free and glitch-free signals on the cabling between the serial interface connector
and the device being driven. The interface hardware is extremely fast and will
respond to very short duration pul ses.
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AES/EBU Input Word Strobe Output

This output is a square wave at the sample rate of the AES/EBU input. 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.

Sampling Clock Outputs

The sample rate clock signal driving the AES/EBU output is available on one pin.
Thisisthe same as the parallel port sample frequency clock output. Thisalows
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 the external sync input is used
this signal will be slaved to the applied sync.

Thereis also a64x sample rate clock output for triggering an oscilloscope at the
bit rate of the interface. This clock may be used for eye pattern testing on the
AES/EBU interface. It may aso clock the seria input or output through external
logic.

Auxiliary Inputs and Outputs

Thereis one auxiliary input and one auxiliary output on the 15 pin interface
connector. These are DSP program-specific-signals whose functions will depend
on the program loaded. The output may be used by the processor to signal events
during the measurement or for auxiliary triggers during signal generation. The
input may be used by the processor to sense that some external trigger event has
occurred or to determine the state of an external process. If any functions are
implemented on these signals they will be described in the particular DSP
program chapter or separate DSP program manual.

The +5V power line provided on the connector is intended to tie unused data or
control inputs high, if necessary. The power supply of System One has not been
designed to source current to customer supplied devices. Momentary shorting of
this supply to ground may cause the DSP to reset and requirea UTIL RESTORE
command to return to normal operation.

External Sync Input
The 1/4 inch phone jack on the rear panel is designed to accept a house sync

signal for driving the AES/EBU output. The clocks provided on the serial and
parallel 1/0 connectors will also be slaved to thissignal. The external sync signal
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may be an AES/EBU format signal (with or without data) or a square wave at
twice the ssmplerate. If an AES/EBU signal is applied only the preamble
information will be used to generate the internal clock signals. The data and
control bitswill beignored. If asguare wave isused it must be at twice the
desired samplerate. Operation at a 48 kHz sample rate would thus require a 96
kHz square wave to be applied. When one of these two types of sync signalsis
applied the DSP will automatically determine the format and lock on. Lock may
take up to two seconds after the signal is applied. Locked or unlocked statusis
explicitly indicated by the Receive Sync indicator line on the information panel
displayed when the UTIL SERIAL-DSP menu selection is made.

The input will lock onto an AESYJEBU sync signal at one of the three standard
digital audio sample rates of 48 kHz, 44.1 kHz or 32 kHz or a square wave at
twicethese values. If ardatively clean signal is used the rate may be varied by
up to 5 % high or low and the internal phase lock loop will still follow the signal.
When thisinput is used the internal crystal oscillators will not be used for the
AES/EBU output functions. Frequency measurements made by FFT or the
GENANLR DSP programs will bein error by the percentage deviation of the
incoming sample rate from the DSP panel-sel ected rate.

For testing of interfaces at non-standard sample rates, an external square wave
generator or the System One analog generator sync output may be routed to the
external sync input. One effective setup isto use an externa function generator
with its VCF (voltage-controlled frequency) input driven from one of the DC
variable outputs of the DCX-127 multifunction unit. Sweeping the DCX DCOUT
as SOURCE-1 through the appropriate DC voltage range then results in sweeping
the function generator squarewave frequency through a desired range, while
measuring performance of the digital interface. If the System One analog
generator is used, sharp and brief discontinuities may occur at 96 kHz and other
integer values. Thisis due to the 16-bit frequency tuning DACsin the analog
generator being programmed one byte (one-half word) at atime.

The external sync input is balanced and transformer coupled. The connector isa
tip-ring-sleeve 1/4 inch phone jack. Normal connection isto thetip and ring with
abalanced signal. If an unbalanced signal is connected the ring must be
grounded. Thiswill automatically be accomplished if atwo conductor phone
plug is used for the unbalanced connection. The ring should never be left
unconnected or unreliable operation will result.

External Trigger Output

The specific function of this connector will depend on the DSP program in use. If
any
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Digital Signal Processor GPIB Command Set

In the System One GPIB unit isa EEPROM containing a set of DSP programs.
Currently these programs are entitled:
FFTGEN Signal generation and FFT analysis
FFTSLIDE FFT analysis with pre and post trigger
GENANLR Digital sinewave generation and distortion analysis
HARMONIC Individual harmonic amplitude measurements
BITTEST Digital data error measurements
FASTTEST Generate multi-sinewave signals with FFT analysis

Only one DSP program can be run (loaded) at atime and the command set
pertaining to the DSP will change with each DSP program.

Due to the nature of the DSP programs, the GPIB command set for the DSP is
flexible. The command set changes with each new DSP program. Some of the
command definitions change along with their acceptable argument lists. Some of
the commands become invalid while other commands regain validity. Some
commands disappear altogether and new ones appear. Other commands only
change dlightly with some arguments being deleted or added.

The DSP program command set can be roughly divided into those commands that
change and those commands that stay the same. The dividing line between the
two parts of the command set is somewhat indefinite because some commands
change only by small additions or deletions in their argument lists while the
command definition (its function) stays the same. Examples of commands that
change in function and argument lists are the multiple choice setting commands.
These are generic commands whose meaning are defined by each DSP program.
EXISTDSP?isacommand that will work the same regardless of the nature of the
DSP program currently loaded. A borderline command is DRATE whose
argument list islimited with some of the DSP programs while other DSP
programs use the entire possible argument list. See the tutorial section describing
each DSP program to determine the valid commands, their definitions, and their
current argument lists.
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DSP Operational States -- DSPOPSTATE

While powerful, the DSP can only do afinite number of tasks at once. For
example, while doing FFT's, if the DSP had to service settings its performance
would be degraded. Therefore, several operational states exist each optimized for
aparticular task.

The DSPOPSTATE command is used to set the operational states of the DSP.
The DSPOPSTATE SETUP and READING are the most commonly used. A
typical program for the DSP would use the SETUP state during setup and
READING during the sweep.

The following is a description of these states.

DSPOPSTATE SETUP.

Thisisthe only state that allows multiple choice settings and should be the default
state. Also, some readings are altered for this mode. For example, with FFTGEN
and FFTSLIDE, the readings return real time peak readings to alow you to
determineif thereisavalid input signal present.

The SETUP operational state should be used to make all initial settingsto the
DSP program.

The DSP program should be left in the SETUP state unless it needsto be in
another state such as when sweeping (DSPOPSTATE READING) or examining
AES/EBU status bits (DSPOPSTATE AES).

DSPOPSTATE READING.
The READING state is used during sweeps. It produces optimum speed when
processing and transforming data. In order to do this multiple choice settings are
ignored.
Floating point settings, which are necessary during a sweep, are still recognized.
Also, for DSP programs that have an auto reading rate setting, for example
GENANLR and HARMONIC, the READING state sel ects an optimal reading
rate. How and what rate is selected is DSP program dependent.

For additional information, see the specific rate setting command for each
program.
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DSPOPSTATE AES.

This state is only used when setting and reading the AES/EBU status bytes.
These status bytes cannot be accessed in any other DSP operational state.

For additional status information, seethe XMITSTATUS and RCVSTATUS
commands.
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DSP Programs and Settling

Some DSP programs, for example FFTGEN, FFTSLIDE, FASTTEST, and
BITTEST, return readings based on the processing of large data records
previously acquired, therefore, these programs do not need the concept of settled
readings. FFTGEN, FFTSLIDE, FASTTEST, and BITTEST ignore settling
parameters.

Other DSP programs, for example HARMONIC and GENANLR, use settling in
the same manner as the analog analyzer. In the settling command set the
"xxxDSPQ" through "xxxDSP3" nomenclature is used when settling DSP
readings. Anexampleis"POINTSDSP1", another is"TOLDSPQ". These generic
commands are mapped when each DSP program isloaded. The following details
this mapping:

In the DSP program "HARMONIC" the filtered level readings use the DSPO
series of settling parameters. The filter Frequency reading uses the DSP1 series
of settling values. See the HARMONIC program DSPFREQUENCY ? and
FILTLEVEL1? commands.

In the DSP program "GENANLR" the INLEVEL 1? reading uses the "DSP0O"
settling parameters. The FILTLVL2? reading uses the "DSP1" settling
parameters. The DSPFREQUENCY ? reading uses the "DSP2" settling
parameters. See the GENANLR program commands for more information.

SENDDUS will return a DSP reading if DUSENABLE has enabled that DSP
reading, even if the DSP program does not use settling. In the case of FFTGEN,
FFTSLIDE, and BITTEST, the reading returned is a non-settled single reading
regardless of the settling parameter settings. 1n the case of GENANLR and
HARMONIC, the readings are settled as described in the SETTLING section.
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IDSP Sweeps with READINGPARAM, TABLE, and DSPDATA?It is possible to
have System One perform DSP sweeps.

Three commands, READINGPARAM, TABLE, and DSPDATA?, interact to do
sweeps.

The READINGPARAM command specifies the setting to change and if the
sweep datais calculated by the embedded processor or is arbitrary and must be
downloaded with the TABLE command. It aso contains the specifications for the
calculated sweep data.

The TABLE command loads an arbitrary sweep table into System One RAM. It
isonly necessary for arbitrary sweeps.

The DSPDATA? command specifies which readings are returned for each setting
will return the sweep data (readings only) in ASCII or binary-block format..

The READINGPARAM command contains five arguments:

setl - character, the DSP setting to sweep

low?2 - floating point, the setting start point

high3 - floating point, the setting end point

steps4 - integer, the number of steps

steptype5 - LINEAR, LOG, or ARBITRARY.
During a DSPDATA? command response the "set1" setting will be set to each of
the valuesin the sweep table. If the "steptype5" argument is ARBITRARY then
the TABLE command will be used to download the arbitrary sweep table. 1f
"steptype5” isLINEAR or LOG then "low2", "high3", and "steps4” are used to
calculate a sweep table.

See the READINGPARAM, DSPDATA?, and TABLE commands for further
information. The GPIBTRIG sample program demonstrates the use of the sweep
table with the FASTTRIG DSP program.
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Important Sequence when using DSP programs

For reliable functioning of System One DSP programs, the user's application
programs must be written to perform the following actions in the sequence listed:

1. Load the DSP program with the LOADDSP command.

2. Set all DSP settings to the desired state, even if the previous DSP program had
used the same state and even if the settings appears not to be relevant to the test to
be performed. This requirement includes every genneral DSP setting and every
DSP program-specific setting.

3. Download waveforms from the controller to System One (if necessary for the
test or the DSP program used) only after all settings have been made.

Caution: steps 2 and 3 of the sequence above must be re-executed whenever the
INIT or *RST commands are used in conjunction with the DSP programs. INIT
and *RST erase any waveforms present in the DSP module and load the last-used
DSP program, but do not set DSP settings or load waveforms.
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DSP GPIB Programming Pseudo Code Examples

The following will show the use of some DSP GPIB commands in some pseudo
code examples. Example 1 will explain how to acquire awaveform and examine
some of the datain that waveform. Example 2 will acquire and transform the
waveform. The transformed data will then be examined in two ways. Thefirst
examination will not use the DSP peak-picking and the second (Example 3) will
use peak-picking.

Example 4 will show an example of a DSP program using settling. The DSP
program isHARMONIC. It will perform settled reading at several harmonics of
the fundamental frequency.

These pseudo code examples show that there is a set order required for the use of
the DSP GPIB commands. To simplify this discussion, the commands are
grouped into steps.

With the following discussion, an assumption is made that the other modules of
the System One (the Generator, Analyzer, etc.) are already in the desired setup as
follows. These commands generate a sinewave at 1 kHz and connects the Analog
Generator output to the Analog Analyzer. The Analyzer is setup for THD
measurements so the Notch filter will track the signal.

Step 0. Initial System One settings.

SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"CHAN A;"
"CHANA GEN;"
"FUNCT THDP;"
"WAVEFORM SINE;"
"FREQUENCY 1000.0;"

"AMPL 1.0;"

"OUTPUT A;"
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Example 1, Using FFTSLIDE, acquire and examine a waveform.

Step 1. Initial DSP settings.

SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"LOADDSP FFTSLIDE;"
"DSPOPSTATE SETUP;"
"FFTSTART 0.0;"
"PRETRIG 0.0;"
"FFTSIZE MAX;"
"WINDOW BH4;"
"WFMPROCESS NORMAL; "
"WFMCOUPLING OFF;"
"TRIGSOURCE ANLRA;"
"TRIGPOLARITY OFF;"
"DSPRATE 48KHZ;"
"INTYPE ADC;"
"CH1IN ANLRA;"

"CH2IN RDNG;"

The DSP program FFTSLIDE isloaded from EEPROM with the LOADDSP
command. This command overwrites any existing DSP program, tailors the DSP
GPIB command set to the specified DSP program, and begins execution from a
powerup reset state using the default setting for each command. Note the Non-
DSP settings are not affected when a DSP program is loaded, only the DSP
settings are initialized.

The DSPOPSTATE command controls the configuration of the DSP program.
The different states allow efficient use of the resources available to the DSP
program. For instance, the only state that the multiple choice settings can be
changed in isthe SETUP state (theinitial state). The READING state is set when
the program is asked for readings. So, when setting the initial configuration
(using for example the multiple choice setting commands as seen above), the
DSPOPSTATE setting must be SETUP. While the DSPOPSTATE is SETUP, the
presence or absence of signal can be seen with the DSP reading commands which

DSP HARDWARE 219



Audio Precision System One

in this configuration return real-time readings. The DSP reading commands are
determined by the current DSP program in use.

In the commands above, there are anumber of additional commands that are used
to configure the DSP program. These commands will stay at the same setting
through out the following process. Therefore they need only be set once, while
DSPOPSTATE isin the SETUP dtate.

See the Quick help section for the specific DSP program loaded and the command
reference section for alist of all DSP commands.

Step 2. Acquire the waveform

SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"DSPOPSTATE READING;"

"READINGPARAM ACQTIME, 0.0, 1.0e-3, 100, ARBITRARY;"

After the DSP program is set to the desired conditions, the DSPOPSTATE
command is used to configure it for measurements with the READING argument.
Next, the READINGPARAM command is used to prepare for the acquisition and
transformation with its five arguments that set:

1) "ACQTIME", the name of the DSP floating point parameter that will be
changed when reading back the data. In this case the ACQTIME setting isto be
used. This parameter informs the DSP which buffer isto be read, the acquisition
buffer (time) or the transform buffer (frequency).

2) "0.0" and 3) "1.0e-3", the lower and upper time limit of the portion of signal
from which readings will be examined. This shows arange from 0.0 Sec to 1.0e-
3 Sec.

4) "100", the number of measurement steps.

5) "ARBITRARY", describes to the DSP processor the distance between each
step. This parameter controls peak-picking in the frequency domain (transformed
data). Peak-picking isdisabled when ARBITRARY is set, otherwiseit is enabled.
Note peak-picking does not affect time domain data and in this example the
acquired data (time domain) is examined therefore the WFMPROCESS command
could be used to provide information processing.
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SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"TRIGDSP 0.2;"
"LOCKRANGE ON; "

"AQXFORM; "

DO
"DSPSTATUS?;"

UNTIL RESPONSE SHOWS DSP IN IDLE STATE (AQXFORM COMPLETE)

SEND THE FOLLOWING COMMAND TO THE SYSTEM ONE "G"

"LOCKRANGE OFF;™"

The TRIGDSP 0.2 command will invalidate any DSP reading that is currently
valid. Then it will wait for 200 mSec and then start the reading process again.

If the signal is routed through the analyzer, the LOCKRANGE command will
disable al auto-ranging and will provide a stable signal.

The AQXFORM command is used to trigger, acquire, and transform the signal.
The acquired datais in one buffer while the transformed data resides in another.

The response of the DSPSTATUS? query will tell the program the current DSP
AQXFORM processing state. In this case the program will wait for theidle state
which occurs when acquisition and transformation are compl ete.

The LOCKRANGE OFF command is then used to re-enabl e the auto-ranging
function.
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Step 3. Examine the acquired (time domain) data

FOR EACH timevalue POINT DESIRED DO THE FOLLOWING
"ACQTIME timevalue;"
"AMPL1? VOLTS;"
Read the Channel 1 amplitude.
"AMPL2? VOLTS;"

Read the Channel 2 amplitude.

While the DSPOPSTATE command is still set to READING, one of the DSP
floating point settings (in this case ACQTIME) is set to a point in the acquired
data so that it may be examined with one or more of the DSP reading commands.
In the case of FFTSLIDE these are AMPL1? and AMPL2?. The setting
command, for instance ACQTIME, will be changed from the desired lower limit
to the desired upper limit, using any desired values, while the reading command,
for instance AMPL 1?is used to transfer the data points over the GPIB.
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Example 2, Acquire and Transform. Examine the transformed data.

Step 1. Initial settings.

SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"LOADDSP FFTSLIDE;"
"DSPOPSTATE SETUP;"
"FFTSTART 0.0;"
"PRETRIG 0.0;"
"FFTSIZE MAX;"
"WINDOW BH4;"
"WFMPROCESS NORMAL; "
"WFMCOUPLING OFF;"
"TRIGSOURCE ANLRA;"
"TRIGPOLARITY OFF;"
"DSPRATE 48KHZ;"
"INTYPE ADC;"

"CH1IN ANLRA;"

"CH2IN RDNG;"

The DSP program FFTSLIDE isloaded from EEPROM with the LOADDSP
command. This command overwrites any existing DSP program, tailors the DSP
GPIB command set to the specified DSP program, and begins execution from a
powerup reset state using the default setting for each command.

The DSPOPSTATE command controls the configuration of the DSP program.
The different states allow efficient use of the resources available to the DSP
program. For instance, the only state that the multiple choice settings can be
changed in isthe SETUP state (theinitial state). The READING stateis set when
the program is asked for readings. So, when setting the initial configuration
(using for example the multiple choice setting commands as seen above), the
DSPOPSTATE setting must be SETUP. While the DSPOPSTATE is SETUP, the
presence or absence of signal can be seen with the DSP reading commands which
in this configuration return real-time readings. The DSP reading commands are
determined by the current DSP program in use.
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In the commands above, there are a number of additional commands that are used
to configure the DSP program. These commands will stay at the same setting
through out the following process. Therefore they need only be set once, while
DSPOPSTATE isin the SETUP state.

See the Quick help section for the specific DSP program loaded and the command
reference section for alist of all DSP commands.

Step 2. Acquire the waveform

SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"DSPOPSTATE READING;"

"READINGPARAM SPECTFREQ, 20.0, 20.0e3, 100, ARBITRARY;"

After the DSP program is set to the desired conditions, the DSPOPSTATE
command is used to configure it for measurements with the READING argument.
Next, the READINGPARAM command is used to prepare for the acquisition and
transformation with its five arguments that set:

1) "SPECTFREQ", the name of the DSP floating point parameter that will be
changed when reading back the data. In this case the SPECTFREQ setting isto
be used. This parameter informs the DSP which buffer isto be read, the
acquisition buffer (time) or the transform buffer (frequency).

2) "20.0" and 3) "20.0e3", the lower and upper frequency limit of the portion of
signa from which readings will be examined. This shows a range from 20.0 Hz
to 20.0 kHz.

4) "100", the number of measurement steps.

5) "ARBITRARY", describes to the DSP processor the distance between each
step. This parameter controls peak-picking of the transformed data (frequency
domain). Peak-picking isdisabled when ARBITRARY isset otherwiseitis
enabled.
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SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"TRIGDSP 0.2;"
"LOCKRANGE ON; "

"AQXFORM; "

DO
"DSPSTATUS?;"

UNTIL RESPONSE SHOWS DSP IN IDLE STATE (AQXFORM COMPLETE)

SEND THE FOLLOWING COMMAND TO THE SYSTEM ONE "G"

"LOCKRANGE OFF;™"

The TRIGDSP 0.2 command will invalidate any DSP reading that is currently
valid. Then it will wait for 200 mSec and then start the reading process again.

If the signal is routed through the analyzer, the LOCKRANGE command will
disable al auto-ranging and will provide a stable signal.

The AQXFORM command is used to trigger, acquire, and transform the signal.
The acquired datais in one buffer while the transformed data resides in another.

The response of the DSPSTATUS? query will tell the program the current DSP
AQXFORM processing state. In this case the program will wait for theidle state
which occurs when acquisition and transformation are compl ete.

The LOCKRANGE OFF command is then used to re-enabl e the auto-ranging
function.
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Step 3. Examine the transformed data without peak-picking

FOR EACH frequency POINT DESIRED DO THE FOLLOWING
"SPECTFREQ frequency;"
"AMPL1? VOLTS;"
Read the Channel 1 amplitude.
"AMPL2? VOLTS;"

Read the Channel 2 amplitude.

While the DSPOPSTATE command is still set to READING, one of the DSP
floating point settings (in this case SPECTFREQ) is set to a point in the acquired
data so that it may be examined with one or more of the DSP reading commands.
In the case of FFTSLIDE these are AMPL1? and AMPL2?. The setting
command, for instance SPECTFREQ, can be changed from the desired lower
limit to the desired upper limit, using any desired frequency, while the reading
command, for instance AMPL 1?is used to transfer the data points over the GPIB.
Since peak-picking is not in effect in "READINGPARAM

n,n,N,N, ARBITRARY", the amplitude value returned will be of the FFT
frequency bin including the exact frequency specified in the "SPECTFREQ
frequency” command.
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Example 3, Examine the transformed data with peak-picking.

Step 1. Initial settings.

Step 1 isthe same as example 2.

Step 2. Acquire the waveform

Thisisthe only step that changes between example 2 and example 3.

The READINGPARAM command is the only command that has a change
between example 2 and example 3. It controls the peak-picking with the fifth
parameter. Notein the following command peak-picking is enabled with the
LINEAR parameter.

SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"DSPOPSTATE READING;"

"READINGPARAM SPECTFREQ, 20.0, 20.0e3, 100, LINEAR;"

After the DSP program is set to the desired conditions, the DSPOPSTATE
command is used to configure it for measurements with the READING argument.
Next, the READINGPARAM command is used to prepare for the acquisition and
transformation with its five arguments that set:

1) "SPECTFREQ", the name of the DSP floating point parameter that will be
changed when reading back the data. In this case the SPECTFREQ setting isto
be used. This parameter informs the DSP which buffer isto be read, the
acquisition buffer (time) or the transform buffer (frequency).

2) "20.0" and 3) "20.0e3", the lower and upper frequency limit of the portion of
signa from which readings will be examined. This shows a range from 20.0 Hz
to 20.0 kHz.

4) "100", the number of measurement steps.
5) "LINEAR", describes to the DSP processor the distance between each step.
This parameter controls peak-picking. Peak-picking is disabled when

ARBITRARY isset otherwiseit isenabled. In this case the peak-picking is
enabled.
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Therest of step 2 remains the same as example 2.

Step 3. Examine the transformed data using peak-picking

The examine step isthe same as it was in example 2. The DSP will do the peak-
picking. The peak-picking algorithm will return as the first step the amplitude of
the bin which includes the "SPECTFREQ frequency;" setting. Each of the
following steps will peak-pick between the previous step and the current step. For
exampleif "SPECTFREQ 20.0;" isthefirst step, the first reading at "AMPL17?;"
will be from the bin including 20.0 Hz. If the second step is"SPECTFREQ
200.0;", al bins above the 20.0 Hz bin up to and including the 200.0 Hz bin will
be examined and the highest of those amplitudes will be returned in the
"AMPL1?" response.
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Example 4, Using HARMONIC, Measure harmonics with settling enabled.

With the following example, an assumption is made that the other modules of the
System One (the Generator, Analyzer, etc.) are aready in the desired setup as
follows. These commands generate a sinewave at 1 kHz and connects the Analog
Generator output to the Analog Analyzer. The Analyzer is setup for
AMPLITUDE measurements. Further on in this example the FREQUENCY of
the Analog Generator will be adjusted as required by the test.

Step 0. Initial System One settings.

SEND

THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"CHANA GEN;"

"FUNCTION V;"

"WAVEFORM SINE;"

"FREQUENCY 1000.0;"

"AMPL 1.0;"

"OUTPUT A;"
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Step 1. Initial DSP settings.

SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"I,OADDSP HARMONIC;"
"DSPOPSTATE SETUP;"
"DSPRATE 48KHZ;"
"FILTFREQ 1000.0;"
"HARMONIC 1.0;"
"FILTOFFSET 0.0;"
"TUNEMODE HARMONIC;™"
"TUNESOURCE GEN; "
"FILTTYPE BP-NARROW;"
"DSPDETECTOR AUTO; "
"INTYPE ADC;"

"CH1IN RDNG;"

The DSP program HARMONIC is loaded from EEPROM with the LOADDSP
command. This command overwrites any existing DSP program, tailors the DSP
GPIB command set to the specified DSP program, and begins execution from a
powerup reset state using the default setting for each command. Note the Non-
DSP settings are not affected when a DSP program is loaded, only the DSP
settings are initialized.

The DSPOPSTATE command controls the configuration of the DSP program.
The different states allow efficient use of the resources available to the DSP
program. For instance, the only state that the multiple choice settings can be
changed in isthe SETUP state (theinitial state). The READING stateis set when
the program is asked for readings. So, when setting the initial configuration
(using for example the multiple choice setting commands as seen above), the
DSPOPSTATE setting must be SETUP. While the DSPOPSTATE is SETUP, the
presence or absence of signal can be seen with the DSP reading commands which
in this configuration return real-time readings. The DSP reading commands are
determined by the current DSP program in use.
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In the commands above, there are a number of additional commands that are used
to configure the DSP program. These commands will stay at the same setting
through out the following process. Therefore they need only be set once, while
DSPOPSTATE isin the SETUP state.

See the Quick help section for the specific DSP program loaded and the command
reference section for alist of all DSP commands.

Step 2. Enable Settling for the DSP readings

SEND THE FOLLOWING COMMAND TO THE SYSTEM ONE "G"
"DUSENABLE DSPO, DSP1;"

This DSP program HARMONI C uses the settling parameters xxxDSP0O and
xxxDSP1 for FILTLEVEL1? and DSPFREQUENCY ? respectively. When using
SENDDUS to get settled readings, the FILTLEVEL 17? settling parameters are
mapped onto the DSPO settling parameters. Likewise, the DSPFREQUENCY ?
settling parameters are mapped onto the DSP1 parameters. Therefore the
DUSENABLE command sets the DSPO and DSP1 arguments to settle
FILTLEVEL1? and DSPFREQUENCY ?. The POINTSDSPx, TOLDSPx, and
RESDSPx are all set to default settings when the DSP program isloaded. This
example uses those default values.

Step 3. Set DSPOPSTATE to READING and set the reading units

SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
"DSPOPSTATE READING;"
"FILTLEVEL? PCT;"
"DSPFREQUENCY?; "
After the DSP program is set to the desired conditions, the DSPOPSTATE
command is used to configure it for measurements with the READING argument.
The DSP reading commands have an optional unit argument. Use the unit

argument to change the units of the reading before using SENDDUS to obtain
settled readings. Inthiscasethe FILTLEVEL? unitisPCT. The
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DSPFREQUENCY ?reading is alwaysin HZ, therefore the default (and only) unit
need not be specified.

Step 4. Measure several harmonics at several source frequencies

SEND THE FOLLOWING COMMANDS TO THE SYSTEM ONE "G"
FOR EACH SOURCE Frequency DESIRED DO THE FOLLOWING
"FREQUENCY Frequency;"
FOR EACH Harmonic SETTLED READING DO THE FOLLOWING
"HARMONIC Harmonic;"
"DUSCLR; "
"WTRIGDSP 0.06;"
"SENDDUS; "
Read the settled readings
The FILTLEVEL response is "DO0 level;"

The DSPFREQUENCY response is "Dl frequency;"

The outer loop will change the source frequency using the analog generator's
FREQUENCY command.

For each source frequency above, the inner loop will set the desired value of the
HARMONIC command, send DUSCLR, wait 60 milliseconds with the
TRIGDSP, and ask for the settled readings using SENDDUS. The response to
SENDDUS is"DO level;D1 frequency;".

Each measurement may then be formatted and printed as desired.
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DSP SETTINGS, command order.
The setting commands are generally sent in the order shown in the examples. The
ones that are particularly order dependent are INTY PEDSP should come before
either CH1IN or CH2IN since INTY PEDSP changes the valid input arguments.
OUTTYPEDSP and OUTCHDSP have asimilar relationship. Another
relationship exists between the DSPRATE setting the maximum digital generator
frequency setting, and the minimum and maximum SPECTFREQ frequency
settings.
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DIGITAL SIGNAL PROCESSOR COMMAND LIST
AQXFORM; -- Acquire and transform waveform data.
CH1IN ANLRA; -- Channel 1 input routing.
CH2IN ANLRB; -- Channel 2 input routing.
DATA; -- Send waveform data to DSP buffer.
DATA?, -- Receive waveform data from DSP buffer.
DELETEDSP;, -- Delete DSP program from EEPROM. (Use with CAUTION)
DIRDSP?; -- Return DSP program directory from EEPROM.
DITHERTY PE TRI; -- Dither spectrum and distribution selection.
DRESET; -- Reset the DSP module.
DSPDATA?, -- Receive data set from DSP processor
DSPHELP?; -- What are the DSP specific commands?
DSPOPSTATE SETUP; -- Selection of DSP operating mode.
DSPRATE 48KHZ; -- Set the DSP sampling rate.
DSPSTATUS?, -- Acquisition and Transformation state info.
EXISTDSP?; -- s DSP hardware connected?
EXTRACT; -- Allow re-extraction of DSP sweep data.
INFOBITS?; -- Return low level DSP information flags.
INTYPEDSP ADC,; -- Select source of signal input to DSP.
LOADDSP NONE; -- Load DSP program from EEPROM to DSP.
OUTCHDSP ON; -- Turn DSP output channels on and off.
OUTTYPEDSP DAC; -- Set DSP output signal route.
POINTSDSPO 3; -- Set the number of points to use for settling.
POINTSDSP1 3;

POINTSDSP2 3;
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POINTSDSP3 3;

RCVLOCK?; -- Return state of serial receive phase lock loop.
RCVSTATUS?, -- Refresh and return serial input status.
RDYDSPANY 7,

RDYDSPO?, -- Determineif aDSP reading is ready.
RDYDSP1?,

RDYDSP2?,

RDY DSP3?,

READINGPARAM; -- The DSP sweep setup command.
REPROCESS,; -- Allow re-extraction of sweep data
RESDSPO 0.; -- Resolution for settling DSP readings.
RESDSP1 0,

RESDSP2 0.,

RESDSP30.;

SERIALMODE AESEBU,; -- Select seria data format
SIZE 24; -- Control amplitude of dither on output.
TABLE; -- Arbitrary DSP sweep table.

TOLDSPO 0.; -- Tolerance for settling DSP readings.
TOLDSP10,

TOLDSP2 0,

TOLDSP3 0,

TRIGDSP 0.; -- Delay then trigger the DSP module
WRITEDSP; -- Put a DSP program into EEPROM from GPIB.
XFORM; -- Transform existing waveform data.

XMITLOCK?; -- Return state of transmit phase lock loop.

DSP GENERIC COMMANDS 236



IEEE-488 Programmers Manual Programming Reference

XMITSTATUS hex-bit-pattern; -- Set AES/EBU seria status bit pattern.
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AQXFORM -- Acquire and transform waveform data.

SYNOPSIS
AQXFORM;

RETURNS
Nothing.

Thiscommand is operational. The serial poll status byte will provide additional
information regarding trigger, acquire, and transform states. The command
DSPSTATUS will also return the trigger, acquire, and transform information.

DESCRIPTION

Acquires and transforms waveform data. Upon receipt of the command, if
triggering is enabled, the DSP will wait for atrigger event. After thetrigger is
received, the DSP will acquire input datainto a buffer. When the buffer isfull,
the DSP will perform whatever other processing isrequired, such asan FFT. See
the command DSPSTATUS for information regarding the state of the DSP
processor while performing the AQXFORM function.

Note: There will be adelay between issuing the AQXFORM command and the
DSP being able to accept any additional commands. The length of time will
depend on the amount of DSP processing required. The DSPSTATUS command
should be used to determine when the DSP processor isidle and ready to accept
additional commands.

SEE ALSO

XFORM, DATA, READINGPARAM, DSPSTATUS, DSPOPSTATE
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CH1IN -- Channel 1 input routing.
CH1IN?
CH2IN -- Channel 2 input routing.
CH2IN?

SYNOPSIS
CH1IN channd;
CH2IN channdl;

CH1IN?,
CH2IN?;

INITIAL STATE

CHI1IN ANLRA;
CH2IN ANLRB;

RETURNS

When the command INTYPEDSP is
set to ADC, "channel" can be
ANLRA, ANLRB, RDNG, GEN,
DSPA, DSPB, or NONE. With
INTYPEDSP set to SERIAL,
PARALLEL, or DGEN, the
"channel" choicesare A, B, or
NONE.

CH1IN?; returns current channel 1 input signal route.
CH2IN?; returns current channel 2 input signal route.

DESCRIPTION

This command controls the input signal routing to the DSP measurement section.

When INTYPEDSP is ADC, the signal is routed through the A/D's ANLRA isthe
analyzer A input and ANLRB isthe analyzer B input. The arguments ANLRA
and ANLRB refer to channel A and B analog analyzer inputs following input
range switching and AC coupling but before any other processing. The most
sensitive full scale range for the ANLRA and ANLRB inputsis80 mV. Thereis
50% of overload headroom provided so that the full scale sensitivity at these

inputsis 170 mV peak.

RDNG accesses the signal read by the analog analyzers measurement meter,
following all analog signal processing. The most sensitive full scale range for the

DSP GENERIC COMMANDS 239



Audio Precision System One

ANLRA and ANLRB inputsis80 mV. Thereis50% of overload headroom
provided so that the full scale sensitivity at these inputsis 170 mV peak.

GEN monitors afixed amplitude version of the signal from the analog generator.
Thisisthe same signal as appears on the MONITOR OUTPUT bnc of the
GENERATOR AUX SIGNALS panel.

DSPA and DSPB come from the DSP BNC inputs. The full scale range for these
inputsis 2.83 V peak.

NONE disables the acquisition of signal into that channel of the DSP. Thisis
useful when acquiring one channel of information only without disturbing a
previously acquired signal.

When INTYPEDSP is SERIAL, PARALLEL, or DGEN, the signal isfrom a
digital source, A and B refer to the digital channel and along with the argument
NONE are the only valid choices.

SEE ALSO

INTYPEDSP

DSP GENERIC COMMANDS 240



IEEE-488 Programmers Manual Programming Reference

DATA -- Send waveform data to DSP buffer.
DATA? -- Receive waveform data from DSP buffer.

SYNOPSIS
DATA buffer, binaryblock; character argument "buffer" can be
DATA? buffer; 1, 2, 1T, 2T, 1G, or 2G and describes
the source/destination of the data.
The GPIB binaryblock datatype
"binaryblock" isaDSP .WAV file
that has been formatted into a GPIB
binary block.
RETURNS

DATA buffer, binaryblock;

DESCRIPTION

"DATA buffer, binaryblock;" this command performs the waveform transfer
from the host machine over GPIB into one of the DSP acquisition, transformation,
or digital generator buffers.

Thevalid buffer argumentsare 1, 2, 1T, 2T, 1G, and 2G. The application of each
buffer will be DSP program dependent but in general selections 1 and 2 are the
acquisition buffers, 1T and 2T are the transform buffers and 1G and 2G are used
for the digital generator waveform and for the FFT window functions.

"DATA? buffer;" thiscommand will upload a binary block of datafrom the
specified buffer.

Thevalid buffer argumentsare 1, 2, 1T, 2T, 1G, and 2G.

The format of the returned string is

"DATA buffer, #(A)(B)binblk;"
where buffer is as described above, (A) isthedigit count O - 9, (B) isdigit count
number of decimal digits describing the number of bytesin the binary block, and
binblk is byte count bytes of waveform data. An example DATA response
without the actual binary block datais"DATA 1G, #524576binblk;" where5is
the digit count and 24576 is the binary block byte count, and binblk is 24576
bytes of binary waveform data.
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Interpretation of the binary data will depend upon which DSP program is loaded
in the DSP module and the most recent use of the DSP reading command
appropriate for that DSP program. For example when the FFTGEN program is
loaded, the data can be formatted as Fraction of Full Scale (FFS) Percent (PCT),
or Volts. The DATA and DATA? commands are formatted in the units last used
by the appropriate reading command for the DSP program currently in use. Thus
when FFTGEN is loaded, the AMPL17?, [unit] and AMPL2?, [unit] commands
are used to change the DATA command formatting between Volts, percent
(PCT), and Fraction of Full Scale (FFS).

SEE ALSO

AQXFORM, XFORM
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DELETEDSP -- Delete DSP program from EEPROM.

SYNOPSIS
DELETEDSP prog-name; "prog-name" is an existing
EEPROM DSP program that will be
permanently erased.
DESCRIPTION

Since this command will delete a DSP program from the EEPROM, extreme
CAUTION should be used. Thiscommand is used to clear space in memory for
additional DSP programs should future releases ever use al of the available space
in memory.

CAUTION: DSP program recovery isimpossible after thiscommand has
deleted it.

SEE ALSO

LOADDSP, DIRDSP, WRITEDSP, READDSP
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DIRDSP? -- Return DSP program directory from EEPROM.

SYNOPSIS
DIRDSP?,

INITIAL STATE

Configured at the factory. An exampleis"DIRDSP FFTGEN, 2.10, 15808,
FFTSLIDE, 2.10, 13813, GENANLR, 2.10, 16514, HARMONIC, 2.10, 7669,
BITTEST, 2.10, 11957, NO FILE IS LOADED, 48946;"

RETURNS

DIRDSP [prog-name, version, prog-size,] ... , message regarding loaded program,
bytes remaining in EEPROM.

DESCRIPTION

Returns adirectory listing for the contents of the EEPROM. Data returned
consists of file name, version, revision and file size for each DSP program, the
name of the active (if any) DSP program, and the number of bytes remaining of
file space.

SEE ALSO
LOADDSP, DELETEDSP, WRITEDSP, READDSP
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DITHERTYPE -- Set dither probability density and spectrum.
DITHERTYPE? -- Return dithertype setting.

SYNOPSIS
DITHERTY PE type; character argument "type" isTRI,
DITHERTYPE?, RECT, SHAPED or OFF.
INITIAL STATE

DITHERTYPE TRI;

RETURNS

DITHERTY PE type;

DESCRIPTION
This command sets the shape of the dither probability function and the shape of
the dither spectrum. The choices aretriangular (TRI), rectangular (RECT),
shaped rectangular (SHAPED), or none (OFF).

Dither Type Probability Density  Spectrum Shape

TRI triangular flat (white)
RECT rectangular flat (white)
SHAPED triangular +6 dB/octave
OFF none none

Dither is described under the heading "Dither" in the DSP SECTION of this
manual.

SEE ALSO

SIZE, OUTCHDSP, OUTTYPEDSP, DSPRATE
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DRESET -- Reset the DSP module.

SYNOPSIS

DRESET;

DESCRIPTION

This operational command will reset the DSP hardware back to the power on state
with no DSP program active. The acquired waveform will not be lost, but may
only be accessed if anew DSP program is loaded which uses memory in the same
manner. Any downloaded generator waveform will belost. Therewill also bea
disruption of digital output signals when using a SY S-300 version System One.
The values of all program specific and generic settings will belost. A new DSP
program must be loaded to again use the DSP.

SEE ALSO

INIT, RST
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DSPDATA? -- Table based sweep from DSP processor

SYNOPSIS

DSPDATA? ASCII, readingl [, reading2][, reading3][, reading4];
DSPDATA?BINARY, readingl [, reading?][, reading3][, reading4];

ASCIl and BINARY specify the data format. Character argument "readingl” and
optional "reading2" through "reading4” specify where to get the data. Thevalid
arguments for readingl through reading4 differ with each DSP program and are
shown in the following list.

FFT batch programs

FFTGEN => AMPL1, AMPL2

FFTSLIDE =>  AMPL1, AMPL2

FASTTEST => AMPL1, AMPL2, CH1PHASE, CH2PHASE
FASTTRIG = AMPL1, AMPL2, CH1PHASE, CH2PHASE

real-time programs

HARMONIC => FILTLEVEL1, DSPFREQUENCY

GENANLR => INLEVELZ], FILTLEVEL?2, DSPFREQUENCY
BITTEST => INPUTL, INPUT2, ERRORS]1, ERRORS2

RETURNS

DSPDATA ASCII, point-count, data-pointl, ... , data-point(point-count);
DSPDATA BINARY, #(dig-count) (byte-count) byte(1) ... byte(byte-count);

DESCRIPTION

The DSPDATA? query uses atable to sweep one DSP setting and read up to four
data points per setting. The reading datais single precision floating point data. If
the binary block format is used, the datais packed with the MSB first.

The READINGPARAM or TABLE command supply the sweep table. Thefirst
argument of the READINGPARAM command is the setting. Inthe DSPDATA?
the readingl through reading4 arguments are the readings, the first is required the
rest are optional. The last argument of the READINGPARAM command
determines the source of the sweep table. If the last argument of
READINGPARAM is ARBITRARY then the DSPDATA will use the
information loaded by the TABLE command as the sweep table. If thelast
argument of READINGPARAM isLINEAR or LOG then the DSPDATA sweep
is calculated using the remaining arguments of the READINGPARAM command,
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those arguments including the number of sweep points and the independent data
start and stop values.

Valid character strings for the DSPDATA? readingl through reading4 arguments
can be found in the table above and can be in any order. The order of the data
returned for each setting in the sweep is the same order as specified in the
DSPDATA? reading argument list.

The DSPDATA? query combines the data type, ASCII or BINARY, and reading
source, readingl through reading4, with the information in the TABLE and
READINGPARAM commands, number of points and data range, to determine
what data to return, the number of pointsin the data set and the data format.

The format of the DSPDATA? data can be ASCII or BINARY. The number of
data points can be calculated by taking the number of sweep-table points
multiplied by the number of readings. The ASCII data format has an integer
point-count followed by comma delimited ASCI|I floating point data. Since there
are more bytesto transfer, the ASCII datawill require more time and memory.
The BINARY dataformat packs 32 bit floating point data, low byte first, into the
arbitrary length binary-block. The arbitrary length binary-block format starts with
the'# symbol. Thisisfollowed by the digit-count of the byte-count field. The
byte-count field specifies the number of bytesin the binary block. Following the
byte-count is the binary data. A semicolon delimits this response from other
GPIB readings and commands.

An explicit sweep table isloaded using the TABLE command. For an arbitrary
sweep this command specifies the number of points and the independent data.

When the sweep typeis LINEAR or LOG the READINGPARAM command
specifies the calculated sweep table.

SEE ALSO

TABLE, READINGPARAM
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DSPHELP? -- What are the DSP specific commands?

SYNOPSIS
DSPHELP?,

RETURNS

List of DSP specific command headers. Thislist will vary depending upon which
DSP program has been loaded. Following isalist of the commands available for
programming the DSP when the DSP program specific commands are not used.

DSPHELP AQXFORM, CH1IN, CH2IN, DATA, DELETEDSP, DIRDSP,
DITHERTY PE, DRESET, DSPDATA, DSPHELP, DSPOPSTATE, DSPRATE,
DSPSTATUS, EXISTDSP, EXTRACT, INFOBITS, INTYPEDSP, LOADDSP,
OUTCHDSP, OUTTY PEDSP, POINTSDSPO, POINTSDSP1, POINTSDSPZ,
POINTSDSP3, RDYDSPANY, RDYDSPO, RDYDSP1, RDYDSP2, RDY DSPS,
REPROCESS, RESDSPO, RESDSP1, RESDSP2, RESDSP3, RCVSTATUS,
RCVLOCK, READINGPARAM, SERIALMODE, SIZE, TABLE, TOLDSPO,
TOLDSP], TOLDSP2, TOLDSPS3, TRIGDSP, WRITEDSP, XFORM,
XMITLOCK, XMITSTATUS;

DESCRIPTION

DSPHELP? returns all valid command headers which are used to control the DSP.
A part of thelist of headers will change depending upon which DSP program is
loaded. Thereisasubset of the commands that will stay the same regardless of
which DSP program is |oaded.

The DSP reading function commands change with different DSP programs.
Likewise, the DSP setting commands change their function with each program.
See the tutorial section describing each DSP program for definitions of the
generic commands. In the Audio Precision GPIB command set there are a
number of commands that currently have no definition but may be used in the
future. These commands trandlate the "F5" and "F6" keyboard entries of standard
System One PC based software. They are included for possible future use.

SEE ALSO

HELP?, DSPLOAD
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DSPOPSTATE -- Reading mode of DSP commands.
DSPOPSTATE? -- Return current reading mode of DSP.

SYNOPSIS

DSPOPSTATE state; "state”" can be SETUP, READING,
and AES

INITIAL STATE

DSPOPSTATE SETUP;

RETURNS

DSPOPSTATE state;

DESCRIPTION

DSPOPSTATE configures the DSP program to the desired operating state. Its
arguments are SETUP, READING, and AES.

DSP programs allow three different state of operation. The states are:

SETUP:

This state allows setting of all parameters of a DSP program except the
AES/EBU/SPDIF interface status bits. This state should be used when setting up
before a waveform acquisition or transform operation. It isalso used to set any
parameters which are constant throughout a series of measurements. With the
FFT programs, for example, settings which affect the acquisition buffer size or
which select trigger modes must be correctly set before a data acquisition can
begin. Readings also behave differently in this state. For example, with FFTGEN
and FFTSLIDE, the readings return real-time peak amplitude measurements to
allow a GPIB program to determine if thereisavalid input signal present.

READING:

This state is used to obtain readings from acquired data after an acquisition or
transform operation. It isalso used to make readings which are afunction of a
controlled variable as when measuring frequency response or level linearity. Not
all settings are processed in this mode. Which specific settings are processed will
depend on the DSP program in use. With the FFT programs, for example,
settings which affect the acquisition buffer size or which select trigger modes
must be correctly set before a data acquisition can begin and would have no
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relevance when making readings from acquired data. I1n general, settings which
have character string arguments will not be processed and should not be set in this
mode. Settings which have numeric arguments will be processed and may be set
in this mode.

AES.

This state is used when setting and reading the AES/EBU status bytes. The bytes
are always transmitted and received whenever the AES/EBU or SPDIF interfaces
arein use. However, they may only be read and changed over the GPIB when in
this state.

The arguments SETUP and READING are the most commonly used. A typical
program for the FFT type DSP programs would use the SETUP state during setup
before a sweep and READING during the sweep.

SEE ALSO

READINGPARAM, LOCKRANGE, XFORM, DSPSTATUS, AQXFORM,
REPROCESS
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DSPRATE -- Set the DSP sampling rate.
DSPRATE? -- Return current DSP sampling rate.

SYNOPSIS
DSPRATE rate; the multiple choice character
DSPRATE?, argument "rate”" selections depend on
which DSP program isloaded. The
entirelist of argumentsis 1KHZ,
8KHZ, 32KHZ, 48KHZ, 192KHZ,
44 1KHZ, 176 _4KHZ.
INITIAL STATE
DSPRATE 48KHZ;
RETURNS
DSPRATE rate;
DESCRIPTION

This command controls the DSP sampling rate for A/D conversion and digital
interfacing.

When some DSP programs are loaded, not all of the rate choices will be available.

The DSP programs currently shipped from the factory alow the following rates:

FFTGEN 1KHZ, 8KHZ, 32KHZ, 48KHZ, 192KHZ, 44 1KHZ,
176 _4KHZ

FFTSLIDE 1KHZ, 8KHZ, 32KHZ, 48KHZ, 192KHZ, 44 1KHZ,
176 4KHZ

FASTTEST 8KHZ, 32KHZ, 48KHZ, 44 1KHZ

FASTTRIG 32KHZ, 48KHZ, 44 1KHZ

HARMONIC 48KHz, 192KHz

GENANLR 32KHz, 44 1KHz, 48KHz

BITTEST 32KHz, 44 1KHz, 48KHz
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SEE ALSO

INTYPEDSP, CH1IN, CH2IN
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DSPSTATUS? -- Acquisition and Transformation state information.

SYNOPSIS

DSPSTATUS?,

RETURNS

integer;

DESCRIPTION

This command provides DSP state information and is useful when acquiring and
transforming data.

The response integer represents the current state of the DSP processor. This
command is useful when tracking progress of an AQXFORM command. The
defined values for the response integer are:

0 - Resting (idle).

1 - Waiting for atrigger event.

2 - Transforming the data.

3 - Acquiring the sample data.

SEE ALSO

AQXFORM, READINGPARAM, XFORM
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EXISTANA? -- Is the analyzer hardware connected?
EXISTDCX? -- Is the DCX hardware connected?
EXISTDSP? -- Is DSP hardware connected?
EXISTGEN? -- Is generator hardware connected?
EXISTSWI? -- Is switcher hardware connected?

SYNOPSIS

EXISTANA?,
EXISTDCX?;
EXISTDSP?,
EXISTGEN?;
EXISTSWI?,

RETURNS

Returnsal if the module exists, 0 otherwise.

DESCRIPTION
These functions determine if the hardware module is connected and powered on.

The existence status is updated each time APRESTORE or INIT or RST iscalled.
This function returns that status.

It is good practice to check that SY STEM ONE is properly connected and
powered on before beginning atest procedure.

If the hardware is found not to exist (but should), prompt the operator to remedy
the situation, then call APRESTORE before calling EXIST again.

Additional information regarding the presence of DSP serial I/0 and Memory
optionsisreturned as part of the INFOBITS response.

SEE ALSO

APRESTORE, INIT, RST
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EXTRACT -- Allow re-extraction of DSP sweep data

SYNOPSIS

EXTRACT,

DESCRIPTION
The operational command EXTRACT allows extraction of acquired or

transformed data using the setting and reading commands without performing a
new acquisition or transformation.

SEE ALSO

AQXFORM, XFORM, DSPOPSTATE, READINGPARAM
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INFOBITS? -- Return low level DSP information flags.

SYNOPSIS
INFOBITS?,
RETURNS
INFOBITS Integer; Where Integer is encoded with
several DSP low level information
bits.
DESCRIPTION

INFOBITS returns several bits of DSP status information encoded as an integer.
The following bits are currently defined.

CRC_A 000001 hit O (LSB)
CRC_B 000002 hit 1
VALIDITY_A000004 bit 2

VALIDITY_B 000008 hit 3
PARITY_A 000010 hit 4
PARITY_B 000020 hit 5
RCVSYNC 000040 bit 6
XMITSYNC 000080 hit 7
MEMOPT 400000 bit 22
DIOOPT 800000 hit 24 (MSB)

CRC_A Thisbit is high when the channel A received AES/EBU interface crccis
correct. The DSPOPSTATE should be set to AES before reading this bit.
CRC_B Thishit is high when the channel B received AES/EBU interface crccis
correct. The DSPOPSTATE should be set to AES before reading this bit.
VALIDITY_A Thisbit is high when the channel A received AES/EBU interface
dataisvalid. The DSPOPSTATE should be set to AES before reading this bit.
VALIDITY_B Thishit ishigh when the channel B received AES/EBU interface
dataisvalid. The DSPOPSTATE should be set to AES before reading this bit.
PARITY_A Thisbit is high when the channel A received AES/EBU interface
parity checks. The DSPOPSTATE should be set to AES before reading this bit.
PARITY_B Thisbit is high when the channel B received AES/EBU interface
parity checks. The DSPOPSTATE should be set to AES before reading this bit.
RCVSYNC Thisbit is high when the AES/EBU receive PLL islocked
XMITSYNC Thisbit is high when the AESJEBU transmit PLL islocked
MEMOPT This bit is high when the system is an SY S200 with memory option
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installed
DIOOPT Thisbit is high when the system is an SY S300 with digital 1/0
capability and memory
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INTYPEDSP -- Set signal routing to input of DSP.
INTYPEDSP? -- Return current input signal path.

SYNOPSIS

INTYPEDSP type; the character argument "type" can be
INTYPEDSP?, ADC, SERIAL, PARALLEL, or
DGEN.

INITIAL STATE

INTYPEDSP ADC,

RETURNS

INTY PEDSP type;

DESCRIPTION

INTYPEDSP in conjunction with CH1IN and CH2IN determines from what
source the DSP receivesitsdata. The argument ADC selects the A/D converters
which convert the analog signalsinto digital signalsfor processing. INTYPEDSP
ADC will set the CH1IN and CH2IN argument list to ANLRA, ANLRB, MEAS,
GEN, DSPA, DSPB or NONE. When INTY PEDSP is anything other than ADC,
the CH1IN and CH2IN argument listisA, B, and NONE. INTYPEDSP DGEN
selectsthe digital signal generator which is sometimes not available, depending
on the DSP program that isloaded. INTYPEDSP SERIAL selects the serial ports
(See SERIALMODE to choose the specific seria port). INTYPEDSP
PARALLEL selectsthedigital parallel input.

Note INTY PEDSP affects the valid arguments for the commands CH1IN and
CH2IN.

SEE ALSO

DSPRATE, CH1IN, CH2IN, SERIALMODE
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LOADDSP -- Load DSP program from EEPROM to DSP.
LOADDSP? -- Return name of loaded DSP program.

SYNOPSIS
LOADDSP prog-name; "prog-name” isavalid DSP program

LOADDSP?, in the EEPROM. Note: all DSP
settings are initialized.

INITIAL STATE

LOADDSP NONE;

RETURNS

LOADDSP prog-name; or
LOADDSP NONE;

DESCRIPTION
Will load and run a DSP program. When anew DSP program is loaded the
settings will al go to their initial state. If the currently loaded DSP program is re-
loaded, the settings will all be set to their initial state. With any LOADDSP
command execution any previously loaded generator waveform will be lost.
Acquired datawill not be lost.

The current list of available DSP programs can be found in the response to
DIRDSP?.

The DRESET command will put this back to LOADDSP NONE.

SEE ALSO

DIRDSP, DELETEDSP, WRITEDSP, READDSP, AQXFORM
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OUTCHDSP -- Turn output channel on and off.
OUTCHDSP? -- Return current output channel setting.

SYNOPSIS
OUTCHDSP channel; character argument "channel" can be

OUTCHDSP?: ON, OFF, A, or B. ON implies both
A and B.

INITIAL STATE

OUTCHDSP ON;

RETURNS

OUTCHDSP channdl;

DESCRIPTION
Will select the channel (s) for output data. A will turn on channel A, B will turn
on channel B, ON turns on both channels simultaneously. If OUTTYPEDSPis
SERIAL or PARALLEL, the datais two channel multiplexed so the arguments
perform as expected. Since thereisonly asingle output for the DAC, when
OUTTYPEDSPisset to D/A, A, B, and ON all perform the same function.

Some DSP programs have no signal output capability. Therefore this command
will have no effect on such programs.

SEE ALSO

DSPRATE, OUTTYPEDSP, DITHERBITS, DITHERTY PE
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OUTTYPEDSP -- Set DSP output signal route.
OUTTYPEDSP? -- Return DSP output route.

SYNOPSIS
OUTTY PEDSP type; "type" is a character argument and

OUTTYPEDSP?; can be DAC, SERIAL, or
PARALLEL.

INITIAL STATE
OUTTYPEDSP DAC;

RETURNS

OUTTY PEDSP type;

DESCRIPTION

OUTTY PEDSP controls the DSP output signal routing. OUTTYPEDSP DAC
sends the digital signal through the D/A converter and out the DSP BNC labeled
OUTPUT D/A. If used in conjunction with the generator WAVEFORM DSP
command, the output from the DAC can aso be found on the analog generator
outputs. OUTTYPEDSP SERIAL sendsthe digital signal to the serial port. See
SERIALMODE for more on seria digital signal routing. OUTTY PEDSP
PARALLEL will make the digital signal available on the parallel output.

Some DSP programs have no output signal. This command will have no effect on
such programs.

SEE ALSO

OUTCHDSP, DSPRATE, DITHERBITS, DITHERTY PE, SERIALMODE
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POINTSDSPO -- Set the number of points to use for settling DSPO.
POINTSDSPL1 -- Set the number of points to use for settling DSP1.
POINTSDSP2 -- Set the number of points to use for settling DSP2.
POINTSDSP3 -- Set the number of points to use for settling DSP3.

SYNOPSIS

POINTSDSPO points; "points’ (integer) isthe number of
POINTSDSPL1 points; successive readings evaluated for
POINTSDSP2 points; settling each reading
POINTSDSPS points;

POINTSDSPO?,

POINTSDSP1?,

POINTSDSP2?,

POINTSDSP3?,

INITIAL STATE

POINTSDSPO 3;
POINTSDSP1 3;
POINTSDSP2 3;
POINTSDSP3 3;

RETURNS

POINTSDSPO points;
POINTSDSP1 points;
POINTSDSP2 points,
POINTSDSP3 points;

DESCRIPTION

These commands set the number of points that the settling algorithm will use
when settling real-time DSP readings. Each command refers to one of four
possible DSP readings. Information as to which one corresponds to each reading
will be found in the description of that reading command.

The default value of "POINTSDSPx 3;" isvalid for al of the DSP readings and
should not need changing.
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SEE ALSO

RDY DSPn, TOLDSPn, RESDSPn, SENDDUS, RDYANY, RDYDSPANY
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RCVLOCK? -- Return state of serial receive phase lock.
XMITLOCK? -- Return state of transmit phase lock.

SYNOPSIS

RCVLOCK?;
XMITLOCK?,

RETURNS

1; Meaning it is phased locked
0; Meaning it is not phased locked

DESCRIPTION

Will return an integer describing the state of the serial transmit or receive phase
lock loops, 1 if phase locked, O otherwise.

Receive phase locked indicates that the DSP analyzer input circuitry is phased-
locked to the sample rate of the DSP digital input signal.

Transmit phase locked indicates that the digitally generated signal (if any) is

phased-locked to the sample rate of the signal provided to the "SYNC IN"
connector as "HOUSE SYNC".

SEE ALSO

SERIALMODE, XMITSTATUS, RCVSTATUS
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RCVSTATUS? -- Refresh and return serial input status.

SYNOPSIS

RCVSTATUS?,

RETURNS

RCV STATUS hex-data-pattern;

DESCRIPTION

This command will acquire the AES/EBU or SPDIF serial status word, then

return it in acomma separated 24 byte hex ASCII character list of arguments. See
AES/EBU Status Bytes section of this manual for information regarding the
meaning of the hex-bit-pattern. Example hex-data-pattern:
"04,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00;"

There are 24 bytes with the first byte in the argument string being "Byte Zero".

The AES/EBU digital audio transmission standard (AES3-1985, also ANSI
$4.40-1985) contains 24 8-hit status bytes in addition to two channels of digitized
audio signals. The RCVSTATUS command permits GPIB transfer of received
status bytes at the AES/EBU and SPDIF/EIAJ coaxia and optical input
connectors of Dual Domain units.

The AES/EBU standard defines the use of many of the status bytes. Some of
those status bytes are also defined in the SPDIF/EIAJ consumer digital audio
transmission standards. Use of bytes zero through three is critical to proper
interfacing of professional digital audio devices.

Byte Zero

Byte zero defines (when transmitted) and displays (when received) a number of
important parameters including use and type of emphasis, selected sample rate,
and consumer vs professional use. In order to successfully transmit digital datato
adevice such as adigital recorder, first use RCVSTATUS to determine the codes
coming from the machine while in playback mode. Duplicating those codes via
XMITSTATUS will then normally cause the machine to accept the digital signa
from System One Dual Domain. Changes from the received code will be
necessary if, for example, the default playback mode uses emphasis but the user
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wishes to test without emphasis. Some of the common two-character
hexadecimal codes for byte zero are shown in the following table:

Hex Code Emph. Pro/Consumer Misc

00 no consumer copy inhibit
04 no consumer copy OK
08 50/15 consumer copy inhibit
0oC 50/15 consumer copy OK
01 no professional rate n/i

oD 50/15 professional rate n/i

81 no professional 48 kHz

8D 50/15 professional 48 kHz

41 no professional 44.1 kHz
4D 50/15 professional 44.1 kHz
C1 no professional 32 kHz

CD 50/15 professional 32 kHz

The "rate n/i" entry under Misc means that the sample rate is not indicated in the
status bytes. In practice, the recelver uses the transmitted signal’s clock rate to set
sample rate, since the rates must match to allow reception of data. However,
some equipment requires the received clock rate to match the rate encoded in the
status bits. The 50/15 entry under emphasis means that 50/15 microsecond pre-
emphasis (CD type) is used during recording and matching de-emphasisis used

during playback.

Sample Address Code

The Dual Domain interface also generates a "sample address code" and transmits
it on bytes 14-17. This code serves asimilar function to arecording index counter
on analog tape recorders. The code is reset to zero whenever a DRESET
command isissued or anew DSP program isloaded. These bytes are not defined
in any of the consumer versions of the interface.

CRCC Code

Byte 23 isa CRCC (cyclic redundancy check character) code. Thiscodeis
computed by the Dual Domain interface for each status block and transmitted on
byte 23. A receiving device could use this byte to detect errors occurring during
transmission or recording and reproduction of the status bytes. This byteis not
defined in the consumer versions of the interface.
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Other Bytes
Any of the 24 bytes except bytes 14-17, which carry the automatically-generated
sample address code, may have any hex value entered and thus transmitted until

changed. Refer to the AES/EBU or EIAJ standards for the definition of these
other bytes.

SEE ALSO

SERIALMODE, XMITSTATUS, RCVLOCK, XMITLOCK
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RDYDSPO? -- Determine if a DSP reading is ready.
RDYDSP1?

RDYDSP2?

RDYDSP3?

RDYDSPANY?

SYNOPSIS

RDY DSPO?,
RDYDSP1?,
RDY DSP2?,
RDY DSP3?,
RDYDSP?;

RETURNS

1; if areading is ready
0; if areading is not ready.

DESCRIPTION
These functions determine if the appropriate reading is ready.
Because real-time readings functions do not return until areading is ready, the
ready functions may be used to avoid waiting for areading. These functions do
NOT clear their respective ready status and so may be called any number of
times. Only acall to the reading function will clear aready status.
If the particular reading is found to be ready, then a subsequent call to the
corresponding readings function will return the reading without waiting for
measurement delays.

Each command refers to one of four possible DSP readings. Information asto
which one corresponds to each reading will be found in the description of that
reading command.

RDYDSP isused for al four DSP readings.

SEE ALSO

TOLDSPn, RESDSPn, RDYANY, SENDDUS, RDYDSP
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READINGPARAM -- The DSP sweep setup command.
READINGPARAM? -- Returns the DSP transformation setup.

SYNOPSIS

READINGPARAM setl, low2, high3, steps4, steptypeb;
READINGPARAM?,

"setl" character
"low?2" float
"high3" float
"stepsA” integer

"steptypes”  character

RETURNS
READINGPARAM setl, low2, high3, steps4, steptypeb;

DESCRIPTION

READINGPARAM should be use at the beginning of every user generated
sweep.

This function informs the DSP of parameters to be swept. Thisis necessary to
allow the DSP to intelligently process analyzed data based upon knowledge of
how the datawill be formatted. This may be used by the DSP program to prevent
display aliasing in time domain displays and to adjust the spectral display
resolution to guarantee that no components will be skipped over when the number
of stepsin asweep is smaller than the number of points transformed. The
operation of this command varies with the DSP program in use. For further
information consult the documentation for the DSP program being used.

setl: (character string)

This argument points to the setting that will be swept when performing a sweep.
This describes the horizontal value (independent variable) used to extract the data
from the acquisition or transform buffer. The DSP uses this parameter to select
for output either the acquired or the transformed data (time or frequency). Two
example arguments are "TACQTIME" and "SPECTFREQ" which correspond to
two valid commands when either FFTGEN or FFTSLIDE arein use. Note that
the argument list will change with each DSP program since the setting header
used in the sweep may change when anew DSP program is |oaded.
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low2 and high3: (both floating point)
These are the beginning and end points of the sweep in the same unit (volts, freq,
etc.) aswill be used for the horizontal value (the setting specified by setl).

steps4: (integer)

The number of steps that will be in the sweep. (The number of stepsisone less
than the number of pointsin the sweep.) Thisis not necessarily the same as the
number acquired or transformed, and typically will be much smaller.

steptype5: (character string)

"ARBITRARY"

"LINEAR"

"LOG"

The type of the sweep which can abe LINEAR sweep (equally spaced steps), a
LOG sweep (logarithmically spaced steps), or aARBITRARY sweep (arbitrarily
spaced steps).

Peak picking isturned off during ARBITRARY frequency sweeps.

SEE ALSO

AQXFORM, XFORM, DSPSTATUS, DSP program operational description
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REPROCESS -- Allow re-extraction of sweep data

SYNOPSIS

REPROCESS,

DESCRIPTION
The operational command REPROCESS allows extraction of acquired or

transformed data using the setting and reading commands without performing a
new acquisition or transformation.

SEE ALSO

AQXFORM, XFORM, DSPOPSTATE, READINGPARAM

DSP GENERIC COMMANDS 272



IEEE-488 Programmers Manual Programming Reference

RESDSPO -- Resolution for settling DSP readings.
RESDSPOQ?
RESDSP1
RESDSP1?
RESDSP2
RESDSP2?
RESDSP3
RESDSP3?

SYNOPSIS

RESDSPO resolution; "resolution” is a floating point
RESDSP1 resolution; number.

RESDSP2 resolution;

RESDSP3 resolution;

RESDSPO0?,

RESDSP1?,

RESDSP2?,

RESDSP3?,

INITIAL STATE

RESDSPO 0.0; Theinitial setting of 0.0 isthe

RESDSP1 0.0; default when NO DSP program is

RESDSP2 0.0; loaded. When loaded, each DSP

RESDSP3 0.0; program will set the resolution to
best match the readings for that
particular program.

RETURNS

RESDSPO resolution;
RESDSP1 resolution;
RESDSP2 resolution;
RESDSP3 resolution;
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DESCRIPTION

These commands will set the resolution for the settling algorithm. These
correspond to DSP readings 0, 1, 2, and 3. For specific information on what
parameters are used for any DSP program consult the operational description for
that program.

The value of 0.0 is the default when no DSP program is loaded. When loaded, the

DSP program will set the resolution to best match the readings. For more
information, see each reading description for the DSP program.

SEE ALSO

RDY DSPn, TOLDSPn, POINTSDSPn, RDYANY, SENDDUS, RDY DSPANY,
DUSENABLE
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SERIALMODE -- Select serial data format
SERIALMODE? -- Return current serial data format.

SYNOPSIS

SERIALMODE format; character argument "format" can be
SERIALMODE?, AESEBU, SPDIF, or SERIAL.

INITIAL STATE

SERIALMODE AESEBU,;

RETURNS

SERIALMODE format;

DESCRIPTION

The SERIALMODE command selects the format of the seria digital signal. The
arguments are AESEBU, SPDIF, or SERIAL. AESEBU selects an AESJEBU
format on the front panel AES/EBU or SPDIF connectors. SPDIF selects the
consumer format on the front panel AESYJEBU or SPDIF connectors. This format
difference changes the function of the status bits in the interface but does not
select between the front panel connectors. SERIAL changes the format of the
entire digital word and selects the 15 pin general purpose serial output on the rear
panel connector.

SEE ALSO

XMITSTATUS, RCVSTATUS, RCVLOCK, XMITLOCK
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SIZE -- Control amplitude of dither on output.
SIZE? -- Return current dither size setting.

SYNOPSIS

SIZE bitcount; "bitcount” is an integer in the range
SIZE?, 1-25.

INITIAL STATE

SIZE 24;

RETURNS

SIZE bitcount;

DESCRIPTION
SIZE 1 through SIZE 24 select the resolution of the digital signals.

The SIZE command, in most cases, controls the amplitude of dither added to the
digital generator output. Dither isnoise 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 isintroduced before quantizing and
serves to randomize the quantization distortion and produce an undistorted signal
with adlightly higher noise floor. The digital generator generates a 24-bit
resolution signal at all times. When the digital device under test has less than 24-
bit resolution, only the higher (most significant) bits from the generator will be
used. If an undithered signal is desired, use the DITHERTY PE command. To set
dither at any desired bit level, enter that bit number in the SIZE command. For
example, proper dither for a 16-bit system is obtained by entering 16 in this
command. When the D/A converter is selected as the output port, the SZE
command is over-ridden and internally set to 16 bits, regardless of the SZE
setting.

The DSP program BITTEST makes further use of the SIZE command, please
refer to the BITTEST specific program section for more information.
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SEE ALSO

DITHERTYPE, OUTCHDSP, OUTTYPEDSP, DSPRATE
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TABLE; -- Arbitrary DSP sweep table.;;
TABLE?; -- Return current DSP sweep table ;;

SYNOPSIS

TABLE ASCII, point-count, data(1), ... , data(point-count);

TABLE BINARY, #(dig-count)(byte-count)byte(1) ... byte(byte-count);
TABLE? ASCII;

TABLE?BINARY;

The data format is specified with the ASCII and BINARY arguments. ASCI|
data contains an integer point-count followed by the comma delimited floating-
point sweep table. BINARY data starts with the '# symbol followed by the digit-
count of the byte-count. The byte-count indicates the number of bytesin the
binary block. The 32 bit floating point datais packed low-byte first into the
arbitrary-length binary block.

INITIAL STATE

undefined

RETURNS

TABLE ASCII, point-count, data(1), ... , data(point-count);
TABLE BINARY, #(dig-count)(byte-count)byte(1) ... byte(byte-count);

DESCRIPTION

The TABLE command loads an arbitrary DSP sweep table into System One
RAM. Thistableis used by the DSPDATA? command when performing an
ARBITRARY sweep. Thelast argument in the READINGPARAM command
specifiesif the sweep isLINEAR, LOG, or ARBITRARY. The TABLE
command must load a sweep table into RAM before the DSPDATA? command
will perform an ARBITRARY sweep. The first argument of the
READINGPARAM command indicates the setting that will use the TABLE data.
This setting is DSP program dependent. See the READINGPARAM command
for valid setting arguments.

The format of the TABLE data can be ASCII or BINARY. The ASCII data
format has an integer point-count followed by comma delimited ASCII single
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precision floating point data. Since there are more bytesto transfer, the ASCI|
datawill require more time and memory. The BINARY dataformat packs 32 bit
floating point data, high byte (MSB) first, into the arbitrary length binary-block.
The arbitrary length binary-block format starts with the '# symbol. Thisis
followed by the digit-count of the byte-count field. The byte-count field specifies
the number of bytesin the binary block. Following the byte-count isthe binary
data.

The TABLE? returns the latest sweep table loaded into the System One RAM.
The TABLE? response can bein either ASCII or BINARY as specified in the
TABLE? argument.

SEE ALSO
READINGPARAM, DSPDATA
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TOLDSPO -- Tolerance for settling DSP readings.
TOLDSPQ?
TOLDSP1
TOLDSP1?
TOLDSP2
TOLDSP2?
TOLDSP3
TOLDSP3?

SYNOPSIS

TOLDSPO tolerance; "tolerance" is afloating point
TOLDSP1 tolerance; number

TOLDSP2 tolerance;

TOLDSP3 tolerance;

TOLDSPO?;

TOLDSP1?,

TOLDSP2?;

TOLDSP3?;

INITIAL STATE

TOLDSPOO; Theinitial setting of 0.0 isthe

TOLDSP10,; default when NO DSP program is

TOLDSP20.; loaded. When loaded, each DSP

TOLDSP3 0, program will set the tolerance to best
match the readings for that particular
program.

RETURNS

TOLDSPO tolerance;
TOLDSP1 tolerance;
TOLDSP2 tolerance;
TOLDSP3 tolerance;
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DESCRIPTION

This command will set the tolerance level for the settling algorithm. These
correspond to DSP readings 0, 1, 2, and 3. The mapping of the generic
nomenclature O through 3 is explained in each DSP program'’s reading commands.
For specific information on what parameters are used for any DSP program
consult the operational description for that program.

The value of 0.0 isthe default when no DSP program isloaded. When loaded, the

DSP program will set the tolerance to best match the readings. For more
information, see each reading description for the DSP program.

SEE ALSO

RDY DSPn, RESDSPn, POINTSDSPn, RDYANY, SENDDUS, RDYDSPANY,
DUSENABLE
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TRIGDSP -- Delay then initiate readings from the DSP module
TRIGDSP? -- Return current DSP readings delay

SYNOPSIS

TRIGDSP delay; floating point "delay" isthe delay in
TRIGDSP?, seconds.

INITIAL STATE

TRIGDSP 0.0;

RETURNS

TRIGDSP delay;

DESCRIPTION

The TRIGDSP command will wait "delay" seconds before accepting any valid
DSP readings. When using real-time readings this command will make any DSP
reading command wait for a new reading to become valid from the DSP before
returning its response. Thisisuseful when programming a series of parameter
values and measuring after each new step. The delay may be used to prevent
readings while the device under test is reaching steady-state operation.

This command has no effect on operation with acquired or transformed data
readings.
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WRITEDSP -- Put a DSP program into EEPROM from GPIB.

SYNOPSIS
WRITEDSP prog-name, program; character argument "prog-name” is
the desired program name and
"program” isthe .DSP filein binary
block format.
DESCRIPTION

This command adds a new DSP program to the EEPROM. Prog-name (supplied
by the user) will be the name that the new DSP program is labeled, this name
must be unique. The argument "program” is the MSDOS program.dsp file put
into a binaryblock format for GPIB transfer. The binaryblock format is as
follows; #(A)(B)binblk; where the '# is required and denotes that what followsis
abinary block argument, (A) is the bytecount digit count, (B) is the bytecount,
and binblk is bytecount bytes of binary datafollowed by a';' (the";" is not counted
in the bytecount). An example command is"WRITEDSP FFTGEN,
#510290binblk;", the name of the program is FFTGEN, the digit count is 5, the
byte count is 10290, and the contents of FFTGEN.DSP (a DOS file for System
One) isrepresented by the label binblk. Thefile, inthis case FFTGEN.DSP, is
opened by the user's program and sent in binary byte form across the GPIB. The
DSP in System One will then store this program in nonvolatile memory for later
use.

The DSP programs are supplied on IBM PC compatible disks. If the GPIB
controller isnot an IBM PC or compatible with a GPIB card it may be necessary
to trandate these disks into the appropriate format for the controller in use. Some
controllers offer trangdation software which allows reading of other format disk,
including IBM PC format. Another approach isto send the file over an RS232
link from an IBM style computer to the GPIB controller.

SEE ALSO

LOADDSP, DIRDSP, DELETEDSP, READDSP
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XFORM -- Transform existing waveform data.

SYNOPSIS

XFORM;

DESCRIPTION

Will re-transform existing waveform data in the acquisition buffer without re-
acquiring the data. The acquisition buffer may have been loaded by a previous
acquisition or by transferring awaveform to the DSP memory (seethe DATA
command). If no data has been acquired or if the previously acquired data gets
corrupted the buffer will be empty.

This command performs the same function as the System One function key F6
without graphing the data.

SEE ALSO

AQXFORM, DATA, READINGPARAM, DSPSTATUS, DSPOPSTATE
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XMITLOCK? -- Return state of transmit phase lock.
RCVLOCK? -- Return state of serial receive phase lock.

SYNOPSIS

XMITLOCK?
RCVLOCK?;

INITIAL STATE

0;

RETURNS

1; Meaning it is phased locked
0; Meaning it is not phased locked

DESCRIPTION

Will return an integer describing the state of the serial transmit or receive phase
locks, 1 if phase locked, O otherwise.

Receive phase lock says that the DSP analyzer input circuitry is phased-locked to
the sample rate of the DSP digital input signal.

Transmit phase lock saysthat the digitally generated signal (if any) will be

phased-locked to the sample rate of the signal provided to the"SYNC IN"
connector as"HOUSE SYNC".

SEE ALSO

SERIALMODE, XMITSTATUS, RCVSTATUS
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XMITSTATUS -- Set serial status bit pattern.
XMITSTATUS? -- Receive serial status bit pattern.

SYNOPSIS
XMITSTATUS hex-bit-pattern; "hex-bit-pattern” is 24 hex bytesin
XMITSTATUS?, character ASCII form separated by
commeas.
INITIAL STATE

This command will set the AES/EBU or SPDIF seria status word as a comma
separated 24 byte hex ASCII character list of arguments. See AES/EBU Status
Bytes section of this manual for information regarding the meaning of the hex-bit-
pattern. Example hex-data-pattern:
"04,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00;"

There are 24 bytes with the first byte in the argument string being "Byte Zero".

The AES/EBU digital audio transmission standard (AES3-1985, also ANSI
$4.40-1985) contains 24 8-bit status bytes in addition to two channels of digitized
audio signals. The XMITSTATUS command permits control over the status
bytes transmitted at the AES/EBU and SPDIF/EIAJ coaxial and optical output
connectors of Dual Domain units.

The AES/EBU standard defines the use of many of the status bytes. Some of
those status bytes are also defined in the SPDIF/EIAJ consumer digital audio
transmission standards. Use of bytes zero through threeis critical to proper
interfacing of professional digital audio devices.

Byte Zero

Byte zero defines (when transmitted) and displays (when received) a number of
important parameters including use and type of emphasis, selected sample rate,
and consumer vs professional use. In order to successfully transmit digital datato
adevice such asadigital recorder, first use RCVSTATUS to determine the codes
coming from the machine while in playback mode. Duplicating those codes via
XMITSTATUS will then normally cause the machine to accept the digital signal
from System One Dual Domain. Changes from the received code will be
necessary if, for example, the default playback mode uses emphasis but the user
wishes to test without emphasis. Some of the common two-character
hexadecimal codes for byte zero are shown in the following table:
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Hex Code Emph. Pro/Consumer Misc

00 no consumer copy inhibit
04 no consumer copy OK
08 50/15 consumer copy inhibit
0oC 50/15 consumer copy OK
01 no professional rate n/i

oD 50/15 professional rate n/i

81 no professional 48 kHz

8D 50/15 professional 48 kHz

41 no professional 44.1 kHz
4D 50/15 professional 44.1 kHz
C1 no professional 32 kHz

CD 50/15 professional 32 kHz

The "rate n/i" entry under Misc means that the sample rate is not indicated in the
status bytes. In practice, the receiver uses the transmitted signal's clock rate to set
sample rate, since the rates must match to allow reception of data. However,
some equipment requires the received clock rate to match the rate encoded in the
status bits. The 50/15 entry under emphasis means that 50/15 microsecond pre-
emphasis (CD type) is used during recording and matching deemphasisis used

during playback.

Sample Address Code

The Dua Domain interface also generates a "sample address code" and transmits
it on bytes 14-17. This code serves a similar function to arecording index counter
on analog tape recorders. The codeis reset to zero whenever aDRESET
command isissued or anew DSP program isloaded. These bytes are not defined
in any of the consumer versions of the interface.

CRCC Code

Byte 23 isa CRCC (cyclic redundancy check character) code. Thiscodeis
computed by the Dual Domain interface for each status block and transmitted on
byte 23. A receiving device could use this byte to detect errors occurring during
transmission or recording and reproduction of the status bytes. This byteis not
defined in the consumer versions of the interface.

Other Bytes

Any of the 24 bytes except bytes 14-17, which carry the automatically-generated
sample address code, may have any hex value entered and thus transmitted until
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changed. Refer to the AES/EBU or EIAJ standards for the definition of these
other bytes.

RETURNS

XMITSTATUS hex-hit-pattern;

DESCRIPTION
Example hex-bit-pattern:

"04,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00,00;"
Contains 24 bytes, see DSP USERS MANUAL for further information.

SEE ALSO

SERIALMODE, RCVSTATUS, RCVLOCK, XMITLOCK
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FFTGEN DSP Programintroduction

FFTGEN provides digital oscilloscope and FFT analysis functions with
simultaneous signal generation. It operates with both digital and analog signals.
It consists of adigital signal generator, atriggering and acquisition routine and a
block floating point FFT algorithm. The analysisisfully dua channel, alowing
independent acquisitions into the two channel memories.

FFTGEN allows magnitude averaging of several FFTs for noise reduction
purposes. Up to 1024 spectra may be averaged into a single display.

The Fourier transform separates the discrete components from the noise floor.
Thus, it may be used to measure harmonic distortion, intermodul ation distortion,
depth of erasure measurements on anal og tape recorders, and other FFT analyzer
applications. Functioning as adua channel digital oscilloscope, it can be used for
time domain waveform analysis, examining clipping behavior of audio devices,
Lissajous figure measurements of distortion vs instantaneous amplitude, etc.

Overview

Sinewave signals may be generated and one or two signals may be acquired_and
examined in either the time or frequency domains. DSPOPSTATE SETUP
readings return the real time peak input to allow setting of levels. When the DSP
AMPLitude is graphed after extracting the acquired data by sweeping the
ACQTIME command and reading AMPL1? or AMPL27? an oscilloscope display
of the waveform will result. The acquired signals may be transformed with an
FFT to see the frequency spectrum, sweep the SPECTFREQ command and read
AMPL1? or AMPL2?.

The AQXFORM command causes a new data acquisition and transform. The
XFORM command causes previously acquired datato be transformed. The
acquisition may be triggered by the positive transition of either input signal. The
maximum acquired and transformed record is 4096 points with standard memory,
16384 points with full memory. Multiple acquisitions may be averaged in the
frequency domain to reduce variability. When averaging, the XFORM command
only re-transforms the last acquisition, REPROCESS will re-display averaged
data.
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FIIJDIO PRECISION HANN-BH4 AMP1(dBr) vs FREQ(Hz) 22 JUL 89 14:13:39
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Response of HANN and Blackman-Harris (BH4) Windows

BHA4 selects a Blackman-Harris 4 term minimum sidel obe window, HANN a
raised cosine, FLAT has less than 0.02 dB rolloff, OFF gives no windowing.

CAUTION: DSPOPSTATE SETUP readings must use FFS or Volts. Digital
sinewave generation not allowed at 176.4kHz and 192kHz sample rates.

Settling

The DSP program FFTGEN does not use settling. All settling parameters are
ignored.
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COMMANDS SPECIFIC TO FFTGEN
ACQTIME -- Sweep time setting
AMPL1?-- GET AMPLITUDE 1 READING
AMPL2?-- GET AMPLITUDE 2 READING
DGENAMPL -- Set digital generator amplitude
DGENFREQ -- Set digital generator frequency
FFTAVG -- Number of FFT'sto average
FFTSIZE -- Set transform bin size
SPECTFREQ -- Set sweep frequency value
TRIGCHAN -- Trigger channel
WFMCOUPLING -- Turn waveform averaging on or off
WFMPROCESS -- Waveform interpolation setting

WINDOW -- Type of data smoothing window
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ACQTIME -- Sweep time setting
ACQTIME? -- Return sweep time setting

SYNOPSIS
ACQTIME timevalue; the floating point argument
ACQTIME?, "timevalue" is set in seconds. The
range is determined by the sample
rate and the length of the acquisition
buffer.
RETURNS

ACQTIME timevalue;

DESCRIPTION

ACQTIME selects which acquired data sampleis returned by AMPL1? and
AMPL2?. By sweeping the ACQTIME argument, all the acquired data can be
examined through the use of AMPL1? and AMPL 2? commands.

If the WFMPROCESS command is set to NORMAL the DSP will round the
ACQTIME vaue to the nearest recorded time value and return the acquired
samples for that timein responseto AMPL1? or AMPL2? commands. If the
WFMPROCESS command is set to INTERPOLATE the DSP will compute what
the datawould have been at that ACQTIME value and return it in response to
AMPL1? or AMPL2? commands. If the WFMPROCESS command is set to
MAXIMUM or PEAK the DSP will search the waveform between the | ast
ACQTIME value and the current one and return the largest amplitude values
between the two frequencies in response to AMPL1? or AMPL27? commands.

SEE ALSO

AMPL1, AMPL2, DSPOPSTATE, WFMDISPLAY

FFTGEN 294



IEEE-488 Programmers Manual Programming Reference

AMPL1? -- GET AMPLITUDE 1 READING
AMPL2? -- GET AMPLITUDE 2 READING

SYNOPSIS
AMPL1? [unit]; optional character "unit" argument
AMPL27? [unit]; can be OFF, VOLTS, PCT, or FFS.
RETURNS

DO reading, unit; from AMPL1?
D1 reading, unit; from AMPL2?

DESCRIPTION

AMPL1? and AMPL2? will return channel 1 and channel 2 amplitude readings
respectively. Both the"?" question mark and the "unit" argument are optional.
As with other readings from System One, the readings are prefaced by an
identifier telling the source of the reading, in thiscase "D0" and "D1" refer to
AMPL1 and AMPL2 respectively. In most instances either real-time readings or
transformed (FFT) readings are returned with these commands. The value
returned is dependent on the READINGPARAM command, the DSPOPSTATE
command, and the contents of the optional argument "unit". VOLTS for volts,
PCT for percent, and FFS for fraction of full scale (the scaleis-1to 1), and OFF
arevalid "unit" arguments for the amplitude readings. The DSPOPSTATE
command selects whether the readings are real -time or come from the stored data.
The READINGPARAM command determines if the peak-picking algorithm is
active or not. When used in real-time mode, the readings are not settled with the
settling algorithm.

SEE ALSO

DSPOPSTATE, READINGPARAM, DUSENABLE, SENDDUS

FFTGEN 295



Audio Precision System One

AQXFORM -- Acquire and transform waveform data.

SYNOPSIS
AQXFORM;

RETURNS
Nothing.

Thiscommand is operational. The serial poll status byte will provide additional
information regarding trigger, acquire, and transform states. The command
DSPSTATUS will also return the trigger, acquire, and transform information.

DESCRIPTION

Acquires and transforms waveform data. Upon receipt of the command, if
triggering is enabled, the DSP will wait for atrigger event. After thetrigger is
received, the DSP will acquire input datainto a buffer. When the buffer isfull,
the DSP will perform whatever other processing isrequired, such asan FFT. See
the command DSPSTATUS for information regarding the state of the DSP
processor while performing the AQXFORM function.

Note: There will be adelay between issuing the AQXFORM command and the
DSP being able to accept any additional commands. The length of time will
depend on the amount of DSP processing required. The DSPSTATUS command
should be used to determine when the DSP processor isidle and ready to accept
additional commands.

SEE ALSO

XFORM, DATA, READINGPARAM, DSPSTATUS, DSPOPSTATE
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CH1IN -- Channel 1 input routing.
CH1IN?
CH2IN -- Channel 2 input routing.
CH2IN?

SYNOPSIS
CH1IN channd;
CH2IN channdl;

CH1IN?,
CH2IN?;

INITIAL STATE

CHI1IN ANLRA;
CH2IN ANLRB;

RETURNS

When the command INTYPEDSP is
set to ADC, "channel" can be
ANLRA, ANLRB, RDNG, GEN,
DSPA, DSPB, or NONE. With
INTYPEDSP set to SERIAL,
PARALLEL, or DGEN, the
"channel" choicesare A, B, or
NONE.

CH1IN?; returns current channel 1 input signal route.
CH2IN?; returns current channel 2 input signal route.

DESCRIPTION

This command controls the input signal routing to the DSP measurement section.

When INTYPEDSP is ADC, the signal is routed through the A/D's ANLRA isthe
analyzer A input and ANLRB isthe analyzer B input. The arguments ANLRA
and ANLRB refer to channel A and B analog analyzer inputs following input
range switching and AC coupling but before any other processing. The most
sensitive full scale range for the ANLRA and ANLRB inputsis80 mV. Thereis
50% of overload headroom provided so that the full scale sensitivity at these

inputsis 170 mV peak.

RDNG accesses the signal read by the analog analyzers measurement meter,
following all analog signal processing. The most sensitive full scale range for the
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ANLRA and ANLRB inputsis80 mV. Thereis50% of overload headroom
provided so that the full scale sensitivity at these inputsis 170 mV peak.

GEN monitors afixed amplitude version of the signal from the analog generator.
Thisisthe same signal as appears on the MONITOR OUTPUT bnc of the
GENERATOR AUX SIGNALS panel.

DSPA and DSPB come from the DSP BNC inputs. The full scale range for these
inputsis 2.83 V peak.

NONE disables the acquisition of signal into that channel of the DSP. Thisis
useful when acquiring one channel of information only without disturbing a
previously acquired signal.

When INTYPEDSP is SERIAL, PARALLEL, or DGEN, the signal isfrom a
digital source, A and B refer to the digital channel and along with the argument
NONE are the only valid choices.

SEE ALSO

INTYPEDSP
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DGENAMPL -- Set digital generator amplitude
DGENAMPL? -- Get digital generator amplitude setting

SYNOPSIS
DGENAMPL amplitude; the floating point argument
DGENAMPL?, "amplitude” isset in therange 0.0 to
1.0 Fraction of Full Scale.
INITIAL STATE

DGENAMPL 0.0;

RETURNS

DGENAMPL amplitude;

DESCRIPTION

DGENAMPL controlsthe digital generator output level with 23 bit resolution in
the range of 0.0 to 1.0 Fraction of Full Scale. This setting is operational for all
signals output from the digital ports or from the D/A BNC connector. When the
WAVEFORM DSP command is used, this command is overridden and will have
no effect on output level.

SEE ALSO

DGENAMPL
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DGENFREQ -- Set digital generator frequency
DGENFREQ? -- Get digital generator frequency setting

SYNOPSIS
DGENFREQ frequency; the range of the floating point
DGENFREQ?; argument "frequency” is dependent
on the DSPRATE setting with a
maximum range of 0 Hz to 46.8% of
the sampling rate (22.5 kHz for a
sampling rate of 48 kHz).
INITIAL STATE
DGENFREQ 1000.0;
RETURNS
DGENFREQ frequency;
DESCRIPTION

The generator portion of the program functions at the 1 kHz, 8 kHz, 32 kHz, 44.1
kHz, and 48 kHz sample rates selected with the DSPRATE command. In each
case its maximum frequency is limited to 46.8% of the sample frequency. The
generator operates continuously while DSPOPSTATE is set to REAL or
READING, and while acquiring data or performing FFT computation. Itis
however, shut down during DATA and DATA? waveform transfer operations.

The DGENAMPL and DGENFREQ commands permit control of the signa
generated. The sinewaveisafull 24-bit amplitude resolution signal, with
frequency resolution of (rate)/224 where "rate" is the digital sample rate selected.
With a48 kHz sample rate, for example, the resolution is or approximately 0.0029
Hz.

The data settling is disabled during ANLR vs DGEN sweeps with FFTGEN.
Therefore, the digital generator of FFTGEN should not be used for sweeps, use
the generator of GENANLR.
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SEE ALSO

WAVEFORM
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DSPOPSTATE -- Reading mode of DSP commands.
DSPOPSTATE? -- Return current reading mode of DSP.

SYNOPSIS

DSPOPSTATE state; "state”" can be SETUP, READING,
and AES

INITIAL STATE

DSPOPSTATE SETUP;

RETURNS

DSPOPSTATE state;

DESCRIPTION

DSPOPSTATE configures the DSP program to the desired operating state. Its
arguments are SETUP, READING, and AES.

DSP programs allow three different state of operation. The states are:

SETUP:

This state allows setting of all parameters of a DSP program except the
AES/EBU/SPDIF interface status bits. This state should be used when setting up
before a waveform acquisition or transform operation. It isalso used to set any
parameters which are constant throughout a series of measurements. With the
FFT programs, for example, settings which affect the acquisition buffer size or
which select trigger modes must be correctly set before a data acquisition can
begin. Readings also behave differently in this state. For example, with FFTGEN
and FFTSLIDE, the readings return real-time peak amplitude measurements to
allow a GPIB program to determine if thereisavalid input signal present.

READING:

This state is used to obtain readings from acquired data after an acquisition or
transform operation. It isalso used to make readings which are afunction of a
controlled variable as when measuring frequency response or level linearity. Not
all settings are processed in this mode. Which specific settings are processed will
depend on the DSP program in use. With the FFT programs, for example,
settings which affect the acquisition buffer size or which select trigger modes
must be correctly set before a data acquisition can begin and would have no
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relevance when making readings from acquired data. I1n general, settings which
have character string arguments will not be processed and should not be set in this
mode. Settings which have numeric arguments will be processed and may be set
in this mode.

AES.

This state is used when setting and reading the AES/EBU status bytes. The bytes
are always transmitted and received whenever the AES/EBU or SPDIF interfaces
arein use. However, they may only be read and changed over the GPIB when in
this state.

The arguments SETUP and READING are the most commonly used. A typical
program for the FFT type DSP programs would use the SETUP state during setup
before a sweep and READING during the sweep.

SEE ALSO

READINGPARAM, LOCKRANGE, XFORM, DSPSTATUS, AQXFORM,
REPROCESS
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DSPRATE -- Set the DSP sampling rate.
DSPRATE? -- Return current DSP sampling rate.

SYNOPSIS
DSPRATE rate; the multiple choice character
DSPRATE?, argument "rate”" selections depend on
which DSP program isloaded. The
entirelist of argumentsis 1KHZ,
8KHZ, 32KHZ, 48KHZ, 192KHZ,
44 1KHZ, 176 _4KHZ.
INITIAL STATE
DSPRATE 48KHZ;
RETURNS
DSPRATE rate;
DESCRIPTION

This command controls the DSP sampling rate for A/D conversion and digital
interfacing.

When some DSP programs are loaded, not all of the rate choices will be available.

The six DSP programs currently shipped from the factory allow the following

rates:
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FFTGEN  1KHZ, 8KHZ, 32KHZ, 48KHZ, 192KHZ, 44 _1KHZ,
176 _4KHZ

FFTSLIDE  1KHZ, 8KHZ, 32KHZ, 48KHZ, 192KHZ, 44 _1KHZ,
176 _4KHZ

FASTTEST 8KHZ, 32KHZ, 48KHZ, 44 1KHZ

HARMONIC 48KHz, 192KHz

GENANLR  32KHz, 44 1KHz, 48KHz

BITTEST  32KHz, 44 _1KHz, 48KHz
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SEE ALSO

INTYPEDSP, CH1IN, CH2IN
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FFTAVG -- Number of FFT's to average
FFTAVG? -- Return number of FFT's averaged

SYNOPSIS

FFTAVG count; the character argument "count” can
FFTAVG? be one of; 1, 4, 16, 64, 256, or 1024.

INITIAL STATE

FFTAVG 1,

RETURNS

FFTAVG count;

DESCRIPTION

FFTGEN permits 4 to 1024 repeated cycles of acquisition and FFT transform
(AQXFORM), and averages the resulting spectramagnitudes. Theresultisa
improvement in repeatability of the noise floor. This feature may aso be used for
averaging the spectral content of program material.

The XFORM command causes are-transform of the most recently-acquired
signa. If the multiple-acquire-and-average mode was used to obtain the current
data, re-transforming (via XFORM) loses the noise-reduction advantage since it
operates only on the last-acquired signal. To change reading units, number of
read-back steps, frequency span to be read, etc. without losing the advantage of
averaging, use the REPROCESS command. REPROCESS does not cause are-
transform, but will newly transfer data from the DSP to the computer in
accordance with the current READINGPARAM settings. This permits changing
these other aspects of the returned data.

SEE ALSO

READINGPARAM
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FFTSIZE -- Set transform size
FFTSIZE? -- Return transform size

SYNOPSIS

FFTSIZE size; the character argument "size" can be
FFTSIZE?, MAX, 4096, 2048, 1024, 512, or
256.

INITIAL STATE

FFTSIZE MAX;

RETURNS

FFTSIZE size;

DESCRIPTION

FFTSIZE (FFT input data length) determines the number of waveform samples
which will be acquired and used for the FFT computation. The resulting FFT will
have half as many frequency points (bins) as the number of waveform samples
from which it is computed. The equivalent frequency resolution is obtained by
dividing the sample rate by the number of waveform samples. For example, at a
48 kHz sample rate with a4096 sample record length, the resulting FFT will
consist of 2048 spectral lines (bins) evenly spaced from zero Hz to the Nyquist
frequency (1/2 sampling rate). The resulting bin width is approximately 11.7 Hz.
With maximum memory (Dual Domain unit or aunit with MEM option), the
MAXIMUM record length selection results in 16,384 samples. A spectrum will
then be produced with 8,192 frequency points (bins) and frequency resolution of
2.93 Hz (48,000/16,384).

Since FFTSIZE controls the number of points acquired with FFTGEN it is
important to set this before acquiring data. If FFTSIZE is changed after acquiring
data, the FFT transform size will be changed. If the sizeisreduced after
acquisition only the first points will be transformed, resulting in alower
resolution FFT. If the sizeisincreased after acquisition the datawill be zero
padded before transformation. Thiswill give a smoother display if the number of
displayed frequency points is higher than one half the number of waveform
samples acquired.
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SEE ALSO

DSPRATE
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INTYPEDSP -- Set signal routing to input of DSP.
INTYPEDSP? -- Return current input signal path.

SYNOPSIS

INTYPEDSP type; the character argument "type" can be
INTYPEDSP?, ADC, SERIAL, PARALLEL, or
DGEN.

INITIAL STATE

INTYPEDSP ADC,

RETURNS

INTY PEDSP type;

DESCRIPTION

INTYPEDSP in conjunction with CH1IN and CH2IN determines from what
source the DSP receivesitsdata. The argument ADC selects the A/D converters
which convert the analog signalsinto digital signalsfor processing. INTYPEDSP
ADC will set the CH1IN and CH2IN argument list to ANLRA, ANLRB, MEAS,
GEN, DSPA, DSPB or NONE. When INTY PEDSP is anything other than ADC,
the CH1IN and CH2IN argument listisA, B, and NONE. INTYPEDSP DGEN
selectsthe digital signal generator which is sometimes not available, depending
on the DSP program that isloaded. INTYPEDSP SERIAL selects the serial ports
(See SERIALMODE to choose the specific seria port). INTYPEDSP
PARALLEL selectsthedigital parallel input.

Note INTY PEDSP affects the valid arguments for the commands CH1IN and
CH2IN.

SEE ALSO

DSPRATE, CH1IN, CH2IN, SERIALMODE
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OUTCHDSP -- Turn output channel on and off.
OUTCHDSP? -- Return current output channel setting.

SYNOPSIS

OUTCHDSP channel; character argument "channel" can be
OUTCHDSP?; ON, OFF, A, or B. ON implies both
A and B.

INITIAL STATE

OUTCHDSP ON;

RETURNS

OUTCHDSP channdl;

DESCRIPTION
Will select the channel (s) for output data. A will turn on channel A, B will turn
on channel B, ON turns on both channels simultaneously. If OUTTYPEDSPis
SERIAL or PARALLEL, the datais two channel multiplexed so the arguments
perform as expected. Since thereisonly asingle output for the DAC, when
OUTTYPEDSPisset to D/A, A, B, and ON all perform the same function.

Some DSP programs have no signal output capability. Therefore this command
will have no effect on such programs.

SEE ALSO

DSPRATE, OUTTYPEDSP, DITHERBITS, DITHERTY PE
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OUTTYPEDSP -- Set DSP output signal route.
OUTTYPEDSP? -- Return DSP output route.

SYNOPSIS
OUTTY PEDSP type; "type" is a character argument and

OUTTYPEDSP?; can be DAC, SERIAL, or
PARALLEL.

INITIAL STATE
OUTTYPEDSP DAC;

RETURNS

OUTTY PEDSP type;

DESCRIPTION

OUTTY PEDSP controls the DSP output signal routing. OUTTYPEDSP DAC
sends the digital signal through the D/A converter and out the DSP BNC labeled
OUTPUT D/A. If used in conjunction with the generator WAVEFORM DSP
command, the output from the DAC can aso be found on the analog generator
outputs. OUTTYPEDSP SERIAL sendsthe digital signal to the serial port. See
SERIALMODE for more on seria digital signal routing. OUTTY PEDSP
PARALLEL will make the digital signal available on the parallel output.

Some DSP programs have no output signal. This command will have no effect on
such programs.

SEE ALSO

OUTCHDSP, DSPRATE, DITHERBITS, DITHERTY PE, SERIALMODE
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READINGPARAM -- The DSP sweep setup command.
READINGPARAM? -- Returns the DSP transformation setup.

SYNOPSIS

READINGPARAM setl, low2, high3, steps4, steptypeb;
READINGPARAM?,

"setl" character
"low?2" float
"high3" float
"stepsA” integer

"steptypes”  character

RETURNS
READINGPARAM setl, low2, high3, steps4, steptypeb;

DESCRIPTION
READINGPARAM should be use at the beginning of every sweep.

This function informs the DSP of parameters to be swept. Thisis necessary to
allow the DSP to intelligently process analyzed data based upon knowledge of
how the datawill be formatted. This may be used by the DSP program to prevent
display aliasing in time domain displays and to adjust the spectral display
resolution to guarantee that no components will be skipped over when the number
of stepsin asweep is smaller than the number of pointstransformed. The
operation of this command varies with the DSP program in use. For further
information consult the documentation for the DSP program being used.

setl: (character string)

This argument points to the setting that will be swept when performing a sweep.
This describes the horizontal value (independent variable) used to extract the data
from the acquisition or transform buffer. The DSP uses this parameter to select
for output either the acquired or the transformed data (time or frequency). Two
example arguments are "ACQTIME" and "SPECTFREQ" which correspond to
two valid commands when either FFTGEN or FFTSLIDE arein use. Note that
the argument list will change with each DSP program since the setting header
used in the sweep may change when anew DSP program is |oaded.
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low2 and high3: (both floating point)
These are the beginning and end points of the sweep in the same unit (volts, freq,
etc.) aswill be used for the horizontal value (the setting specified by setl).

steps4: (integer)

The number of steps that will be in the sweep. (The number of stepsisone less
than the number of pointsin the sweep.) Thisis not necessarily the same as the
number acquired or transformed, and typically will be much smaller.

steptype5: (character string)

"ARBITRARY"

"LINEAR"

"LOG"

The type of the sweep which can abe LINEAR sweep (equally spaced steps), a
LOG sweep (logarithmically spaced steps), or aARBITRARY sweep (arbitrarily
spaced steps).

Peak picking isturned off during ARBITRARY frequency sweeps.

SEE ALSO

AQXFORM, XFORM, DSPSTATUS, DSP program operational description
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SPECTFREQ -- Set sweep frequency value
SPECTFREQ? -- Get sweep frequency value

SYNOPSIS
SPECTFREQ frequency; the floating point argument
SPECTFREQ?, "frequency” isvalid in the range of
the FFT data. Thisrangeisfrom 0
Hz to 1/2 the sample rate.
RETURNS
SPECTFREQ frequency;
DESCRIPTION

SPECTFREQ selects which FFT binisread by the AMPL1? and AMPL2?
commands. By sweeping SPECTFREQ the FFT spectrum can be examined by
use of the AMPL1? and AMPL2? commands. If the peak-picking algorithmis
turned off the DSP will round the SPECTFREQ value to the nearest FFT bin
value and return the amplitude values in that bin in response to AMPL1? or
AMPL2? commands. If the peak-picking algorithm is turned on the DSP will
search the spectrum between the last SPECTFREQ value and the current one and
return the largest amplitude values between the two frequencies in response to
AMPL1? or AMPL2? commands. The peak-picking algorithm is controlled by
the READINGPARAM command. If the READINGPARAM "steptype5™ is set
to linear or log, peak-picking will be enabled. I1f READINGPARAM "steptype5"
isset to ARBITRARY the peak-picking agorithm will be turned off.

SEE ALSO
AMPL1, AMPL2, READINGPARAM
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TRIGCHAN -- Trigger channel
TRIGCHAN? -- Return trigger channel

SYNOPSIS
TRIGCHAN channdl; the character argument "channel”
TRIGCHAN?, can be OFF, 1, 2, or AUTO.
INITIAL STATE

TRIGCHAN OFF;

RETURNS

TRIGCHAN channel;

DESCRIPTION
TRIGCHAN OFF is similar to the free running mode of an oscilloscope.
TRIGCHAN AUTO will trigger on the channel with the maximum signal level.

The DSP program FFTGEN triggers signal acquisition upon the positive-going
zero crossing of the signal selected at "1" (CH-1; channel 1) or "2" (CH-2;
channel 2). A fixed hysteresis of 0.1% of the full scale range is used to reduce the
effects of noise. If the signal does not reach thislevel it will be necessary to
select AUTO or OFF. When RDNG is selected as the CH-1 source for
acquisition using the CH1IN command, the appropriate CH-2 selection for proper
triggering also depends upon the ANALY ZER READING meter function. In
THD+N mode with alow distortion sinewave signal, for example, the RDNG
signal may consist only of signal-unrelated noise and very low amplitude
distortion products which are undesirable or of insufficient amplitude to trigger
the DSP. In such acase, select the ANLR channel which feeds the READING
meter as the CH-2 source for proper triggering. Similarly, in SMPTE, CCIF, or
DIM IMD modes the ANLR channel will produce more reliable triggering than
the RDNG signal which consists only of demodulated IMD products. If alow
sample rate such as 8 kHz or 1 kHz is being used for maximum resolution when
examining demodulated CCIF IMD products at the RDNG meter output,
triggering from the ANLR signal will not be possible when the fundamental
signals are outside the effective DSP bandwidth (for example, 13 kHz and 14
kHz). If the signal is coming from the System One generator and is being
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monitored with one DSP input channel viathe GEN selection, this channel would
be the appropriate trigger source.

If AUTO is selected triggering is from the channel with the largest signal present.
Thetrigger hysteresis will be set to 25% of the peak signal level. Sincethe
hysteresisis set based on signal level (not measurement range) the software will
always trigger, regardless of signal level. However, the channel selection and
hysteresis setting are performed when the DSP isin SETUP mode (see the
DSPOPSTATE command). Therefore, when AUTO is selected it is necessary to
program DSPOPSTATE to SETUP mode for approximately 0.1 seconds before
changing to DSPOPSTATE SWEEP and issuing an AQXFORM command.

SEE ALSO

CH1IN, CH2IN, FUNCTION
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WFMCOUPLING -- Turn waveform averaging on or off
WFMCOUPLING? -- Return current state of waveform averaging

SYNOPSIS

WFMCOUPLING -AVG;
WFMCOUPLING OFF;
WFMCOUPLING?,

INITIAL STATE

WFMCOUPLING -AVG;

RETURNS

WFMCOUPLING -AVG; or
WFMCOUPLING OFF;

DESCRIPTION

The -AV G mode performs a computation whose results are similar to AC
coupling on an oscilloscope. This function computes the average value of al the
samplesin the record and subtracts that average from each value in the record.
The effect isto remove any DC offset present in the signal when the signal is
displayed. Thisfunction also operates on the real-time peak amplitude readings
in SETUP mode to remove any DC component present.

Since thisis not true AC coupling, care must be taken during the original
acquisition of signals with a DC component that neither positive nor negative
peak excursions exceed the full-scale range of the input A/D converters. When
acquiring signals through the System One analyzer channel A or channel B
inputs, their hardware AC coupling and autoranging should prevent overload.
With asignal fed directly to the BNC connectors on the DSP unit, however, the
user isresponsible for control of the external signal amplitude. The real-time
amplitude readings AMPL 1? and AMPL 2? indicate absolute input signal peak
amplitude and should never be alowed to exceed 1.0 FFS (Fraction of Full
Scale).

Since the average over the record is subtracted, it isimportant not to use this

function on very low frequency signals where the DC content of partial acquired
cycles could confuse the algorithm.
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SEE ALSO
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WFMPROCESS -- Waveform interpolation setting
WFMPROCESS? -- return current interpolation setting

SYNOPSIS
WFMPROCESS type; the character argument "type" can be
WFMPROCESS?, one of; INTERPOL, NORMAL,
PEAK, or MAXIMUM.
INITIAL STATE

WFMPROCESS INTERPOL,;

RETURNS

WFMPROCESS type;

DESCRIPTION

When WFMPROCESS isin the NORMAL condition, the DSP software follows
its normal practice of returning the data points from the sample nearest to the
ACQTIME setting. This may produce adequately faithful reproduction of
waveforms when the signal frequency islow relative to the samplerate. Each
signal cycleisthen represented by many samples and the data points will be
relatively smooth. When the signal frequency is high relative to the sample rate,
however, each cycleis represented by only a small number of points. A 20 kHz
sine wave acquired at a 48 kHz sample rate, for example, has an average of only
2.4 points per cycle. If the external display software "connects the dots’, the
result does not ook like a sine wave.

When INTERPOL is selected instead of NORMAL, an additional software
routine in the DSP unit computes what the signal waveform must have looked like
to produce those samples. It assumes that the signal had been band-limited by an
anti-alias (low-pass) filter before sampling. Therefore it interpolates a waveform
value between data points when the ACQTIME setting does not fall directly upon
asample.

The PEAK choice of the WFMPROCESS command selects a DSP routine which
sends the largest positive or negative value since the previous selected data point
(using ACQTIME), preserving the sign. The principal purpose of PEAK modeis
to avoid the risk of completely missing asignal due to an unfortunate combination
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of signal frequency, sample rate, and the number of points extracted (extraction
diasing). The ACQTIME vaue must sweep from one end of the acquired datato
the other, random accessis not allowed while PEAK is enabled.

The MAXIMUM selection of the WFMPROCESS command returns the absolute
value of the largest peak value since the previous returned data point. Invoking
this mode gives the envelope of the acquired waveform if the number of pointsis
not too high. Two points per cycle of signal waveform is optimum for envelope
capture. Thisis helpful when measuring the output of compressors or limiters and
when measuring wide-dynamic-range signals. The ACQTIME value must sweep
from one end of the acquired data to the other, random accessis not allowed while
MAXIMUM is enabled.

The WFMPROCESS (INTERPOL, NORMAL, PEAK, or MAXIMUM)

command affects only what is returned from the waveform data, not spectral data
(FFT).

SEE ALSO
ACQTIME, DSPOPSTATE
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WINDOW -- Type of data smoothing window
WINDOW? -- Return window setting

SYNOPSIS

WINDOW type; the character argument "type" can be
WINDOW?, one of; BH4, HANN, FLAT or
NONE.

INITIAL STATE
WINDOW BH4

RETURNS

WINDOW type;

DESCRIPTION

FFT algorithms process a segment of signal called adatarecord. Thisisaseries
of data samples. The quantity (number of samples) is usually a power of 2 such
as 512, 1024, etc. Since this data record starts at some point in time and ends a
short time later, the FFT algorithm has no information about the signal outside
thistimeregion. The FFT algorithm assumes that the data outside this data record
isan infinite series of replicas of the data record. If the data record being
transformed does not contain exactly an integral number of cycles of signal, the
value at the end of the record will not match the beginning value of the next
record. The resulting sharp discontinuities in the waveform appear as large
amounts of high frequency energy in the transformed result.

To aleviate this problem, a "window" may be applied to the data. Theidea
behind awindow isto gradually taper the data at both ends of the record toward
zero so that it will always make a smooth transition with the following and
preceding repetitions of the record. Thisisaccomplished by multiplying each
point in the data record by a mathematical function which is near unity (1.000) in
the center of the datarecord and small at the ends of the record. The simplest
such function is a cosine wave with an added DC offset so that its negative peaks
just reach zero. After multiplication by the window function the data record goes
to zero at the ends and so smoothly meets each data record on either side of the
one being transformed. However, multiplying the data by the window function
does alter the spectrum of the origina sinewave. As might be expected by
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visualizing the envel ope of the repeating windowed data record, the spectrum of
the original sinewave has been broadened. However, the spurious high frequency
components produced by the sharp discontinuities have been eliminated.

The generic term window comes about because it restricts the view of the FFT to
the central portion of the data record in much the same way that a window
restricts the view of a person looking through it. There have been an endless
variety of windows developed which trade off the spread in the spectral peak
versus the attenuation of the spurious energy created by the ends of the data
record. The sharper the roll-off in the skirts and the higher the attenuation of the
sidelobes, the wider the peak must be in the passband. The bandwidth of the peak
will be a specific number of binsfor any given window. Increasing the length of
the data record will reduce the bin width and therefore reduce the bandwidth in
Hertz.

The raised cosine window described aboveis called the HANN window after its
inventor, Austrian meteorologist Julius von Hann. (It is often incorrectly called a
Hanning window due to confusion with the "Hamming" window, named after its
inventor Richard Hamming.) The Hann window is provided as one of the choices
in the System One DSP FFT programs. The second window supplied is the -92
dB sidelobe 4-term Blackman-Harris window (BH4), named after its devel opers
R. B. Blackman and F. J. Harris. It has much steeper skirts, and an ultimate
attenuation of sidelobes by 92 dB. It givesarelatively flat top approximately 3
binswide. The third window choiceis FLAT for aflat top window that produces
little window related error in the passband. Thereforeit is useful when making
level measurements, but this comes at a cost of frequency selectivity. Therefore
two closely spaced tones could appear to be one. The fourth window choicein
the programs is labeled NONE and performs no windowing of the data; thisis
often called a rectangle window.

The selection of window also affects the amplitude measurement accuracy with
the FFT programs. Bin centers are at frequencies exactly determined by the
sample rate and record length. A signal component being measured, however,
may generally fall at any point within abin. The measurement uncertainty is thus
determined by how far from bin center the signal frequency falls and by the shape
of the window function across the bin. Worst-case errors (window attenuation at
the edge of the bin) are approximately 0.8 dB for the BH4 window, 1.5 dB for
Hann, 0.01 dB for the FLAT window, and 4.5 dB for NONE (no window).

For an excellent technical discussion of windows and their characteristics see F. J.

Harris, "On the use of Windows for Harmonic Analysis with the Discrete Fourier
Transform", Proc. of the IEEE, Vol. 66, No. 1, Jan 1978, pp. 51-83.
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FFTSLIDE DSP Programintroduction

FFTSLIDE provides digital oscilloscope and FFT analysis functions. The
acquisition buffer is quite long, and the program allows an FFT to be performed
on any piece of the acquired waveform. It operates with both digital and analog
signas. It consists of atriggering and acquisition routine and a block floating
point FFT algorithm. The analysisisfully dual channel, allowing independent
acquisitions into the two channel memories. Triggering may be from any signal,
not necessarily one which is being acquired into memory. This allows triggering
from external events such as the generation of atone burst, the application of
power to the device under test, or the start of tape motion on atape recorder.

Functioning as a dual channel digital oscilloscope, it can be used for time domain
waveform analysis, compressor/expander attack and decay times, examination of
audio device clipping behavior, etc. The Fourier transform converts the time
domain into the frequency domain. Thus, FFTSLIDE may be used to measure
harmonic distortion, intermodulation distortion, and other FFT analyzer
applications. The ability of FFTSLIDE to analyze the spectrum of asmall piece
of an acquired record allows measurement of distortion vstime in dynamic range
atering devices such as compressors and expanders by using a tone burst
excitation from the System One BUR-GEN option.

Overview

One or two analog or digital signals may be acquired and examined in either the
time or frequency domains. DSPOPSTATE SETUP readings return the real time
peak input to allow setting of levels. When the DSP AMPL.itude is graphed after
extracting the acquired data by sweeping the ACQTIME command and reading
AMPL1?or AMPL2? an oscilloscope display of the waveform will result. A
selected piece of the acquired signals may be transformed with an FFT to see the
frequency spectrum. The beginning of the piece to be transformed is set with the
FFTSTART time vaue. To extract the frequency spectrum sweep the
SPECTFREQ command and read AMPL1? or AMPL2?.

The AQXFORM command causes a new data acquisition and transform. The
XFORM command causes previously acquired datato be transformed. The
acquisition may be triggered by the positive or negative transition of any one of
theinput signals. Data may be acquired before the trigger event by selecting a
PRETRIGger time less than zero. The maximum acquired record is 8192 points
with standard memory, 30720 points with full memory. The maximum transform
length is 4096 points with standard memory, 16384 points with full memory.
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FIIJDIO PRECISION HANN-BH4 AMP1(dBr) vs FREQ(Hz) 22 JUL 89 14:13:39
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Response of HANN and Blackman-Harris (BH4) Windows

BHA4 selects a Blackman-Harris 4 term minimum sidel obe window, HANN a
raised cosine, FLAT has less than 0.02 dB rolloff, OFF gives no windowing.

CAUTION: DSPOPSTATE SETUP readings must use FFS. Use XFORM to
change units. At the 1k sample rate, acquired length equals 1.5 timesthe FFT
input length.

Settling

The DSP program FFTSLIDE does not use settling. All settling parameters are
ignored.
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COMMANDS SPECIFIC TO FFTSLIDE
ACQTIME -- Current sweep time setting
AMPL1? -- Get areading from amplitude 1
AMPL2? -- Get areading from amplitude 2
FFTSIZE -- Set size of transform
FFTSTART -- Time offset to start FFT
PRETRIG -- Set time of pre-trigger
SPECTFREQ -- Current frequency of sweep
TRIGPOLARITY -- Set DSP trigger polarity
TRIGSOURCE -- Set DSP trigger channel
WFMCOUPLING -- Turn waveform averaging on or off
WFMPROCESS -- Set waveform interpolation type

WINDOW -- Set type of windowing for transform
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ACQTIME -- Current sweep time setting
ACQTIME? -- Get current sweep time setting

SYNOPSIS
ACQTIME time;
ACQTIME?;
the floating point argument
"timevalue" is set in seconds. The
range is determined by the sample
rate and the length of the acquisition
buffer.
RETURNS

ACQTIME timevaue;

DESCRIPTION

ACQTIME selects which acquired data sample is returned by AMPL1? and
AMPL2?. By sweeping the ACQTIME argument, all the acquired data can be
examined through the use of AMPL1? and AMPL 2? commands.

If the WFMPROCESS command is set to NORMAL the DSP will round the
ACQTIME vaueto the nearest recorded time value and return the acquired
samples for that timein responseto AMPL1? or AMPL2? commands. If the
WFMPROCESS command is set to INTERPOLATE the DSP will compute what
the datawould have been at that ACQTIME value and return it in response to
AMPL1?or AMPL2? commands. If the WFMPROCESS command is set to
MAXIMUM or PEAK the DSP will search the waveform between the last
ACQTIME value and the current one and return the largest amplitude values
between the two frequencies in response to AMPL1? or AMPL27? commands.

SEE ALSO

AMPL1, AMPL2, DSPOPSTATE, READINGPARAM
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AMPL1? -- Get areading from amplitude 1
AMPL2? -- Get areading from amplitude 2

SYNOPSIS
AMPL1? [unit]; the optional character "unit"
AMPL27? [unit]; argument can be OFF, VOLTS,
PCT, or FFS.
INITIAL STATE

DO reading, unit; from the AMPL1?,
D1 reading, unit; from the AMPL2?,

DESCRIPTION

AMPL1? and AMPL2?will return channel 1 and channel 2 amplitude readings
respectively. Both the"?" question mark and the "unit" argument are optional.
Aswith other readings from System One, the readings are prefaced by an
identifier telling the source of the reading, in thiscase "D0" and "D1" refer to
AMPL1 and AMPL2 respectively. In most instances either real-time readings or
transformed (FFT) readings are returned with these commands. The value
returned is dependent on the READINGPARAM command, the DSPOPSTATE
command, and the contents of the optional argument "unit". VOLTS for volts,
PCT for percent, and FFS for fraction of full scale (thescaleis-1to 1), and OFF
arevalid "unit" arguments for the amplitude readings. The DSPOPSTATE
command selects whether the readings are real-time or come from the stored data.
The READINGPARAM command determinesiif the peak-picking algorithm is
active or not. When used in real-time mode, the readings are not settled with the
settling algorithm.

SEE ALSO

DSPOPSTATE, READINGPARAM, DUSENABLE, SENDDUS
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AQXFORM -- Acquire and transform waveform data.

SYNOPSIS
AQXFORM;

RETURNS
Nothing.

Thiscommand is operational. The serial poll status byte will provide additional
information regarding trigger, acquire, and transform states. The command
DSPSTATUS will also return the trigger, acquire, and transform information.

DESCRIPTION

Acquires and transforms waveform data. Upon receipt of the command, if
triggering is enabled, the DSP will wait for atrigger event. After thetrigger is
received, the DSP will acquire input datainto a buffer. When the buffer isfull,
the DSP will perform whatever other processing isrequired, such asan FFT. See
the command DSPSTATUS for information regarding the state of the DSP
processor while performing the AQXFORM function.

Note: There will be adelay between issuing the AQXFORM command and the
DSP being able to accept any additional commands. The length of time will
depend on the amount of DSP processing required. The DSPSTATUS command
should be used to determine when the DSP processor isidle and ready to accept
additional commands.

SEE ALSO

XFORM, DATA, READINGPARAM, DSPSTATUS, DSPOPSTATE
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Programming Reference

CH1IN -- Channel 1 input routing.
CH1IN?
CH2IN -- Channel 2 input routing.
CH2IN?

SYNOPSIS
CH1IN channd;
CH2IN channdl;

CH1IN?,
CH2IN?;

INITIAL STATE

CHI1IN ANLRA;
CH2IN ANLRB;

RETURNS

When the command INTYPEDSP is
set to ADC, "channel" can be
ANLRA, ANLRB, RDNG, GEN,
DSPA, DSPB, or NONE. With
INTYPEDSP set to SERIAL,
PARALLEL, or DGEN, the
"channel" choicesare A, B, or
NONE.

CH1IN?; returns current channel 1 input signal route.
CH2IN?; returns current channel 2 input signal route.

DESCRIPTION

This command controls the input signal routing to the DSP measurement section.

When INTYPEDSP is ADC, the signal is routed through the A/D's ANLRA isthe
analyzer A input and ANLRB isthe analyzer B input. The arguments ANLRA
and ANLRB refer to channel A and B analog analyzer inputs following input
range switching and AC coupling but before any other processing. The most
sensitive full scale range for the ANLRA and ANLRB inputsis80 mV. Thereis
6 dB of overload headroom provided so that the full scale sensitivity at these

inputsis 160 mV.

RDNG accesses the signal read by the analog analyzers measurement meter,
following all analog signal processing. The most sensitive full scale range for the
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ANLRA and ANLRB inputsis80 mV. Thereis50% of overload headroom
provided so that the full scale sensitivity at these inputsis 170 mV peak.

GEN monitors afixed amplitude version of the signal from the analog generator.
Thisisthe same signal as appears on the MONITOR OUTPUT bnc of the
GENERATOR AUX SIGNALS panel.

DSPA and DSPB come from the DSP BNC inputs. The full scale range for these
inputsis 2.83 V peak.

NONE disables the acquisition of signal into that channel of the DSP. Thisis
useful when acquiring one channel of information only without disturbing a
previously acquired signal.

When INTYPEDSP is SERIAL, PARALLEL, or DGEN, the signal isfrom a
digital source, A and B refer to the digital channel and along with the argument
NONE are the only valid choices.

SEE ALSO

INTYPEDSP
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DSPOPSTATE -- Reading mode of DSP commands.
DSPOPSTATE? -- Return current reading mode of DSP.

SYNOPSIS

DSPOPSTATE state; "state”" can be SETUP, READING,
and AES

INITIAL STATE

DSPOPSTATE SETUP;

RETURNS

DSPOPSTATE state;

DESCRIPTION

DSPOPSTATE configures the DSP program to the desired operating state. Its
arguments are SETUP, READING, and AES.

DSP programs allow three different state of operation. The states are:

SETUP:

This state allows setting of all parameters of a DSP program except the
AES/EBU/SPDIF interface status bits. This state should be used when setting up
before a waveform acquisition or transform operation. It isalso used to set any
parameters which are constant throughout a series of measurements. With the
FFT programs, for example, settings which affect the acquisition buffer size or
which select trigger modes must be correctly set before a data acquisition can
begin. Readings also behave differently in this state. For example, with FFTGEN
and FFTSLIDE, the readings return real-time peak amplitude measurements to
allow a GPIB program to determine if thereisavalid input signal present.

READING:

This state is used to obtain readings from acquired data after an acquisition or
transform operation. It isalso used to make readings which are afunction of a
controlled variable as when measuring frequency response or level linearity. Not
all settings are processed in this mode. Which specific settings are processed will
depend on the DSP program in use. With the FFT programs, for example,
settings which affect the acquisition buffer size or which select trigger modes
must be correctly set before a data acquisition can begin and would have no
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relevance when making readings from acquired data. In general, settings which
have character string arguments will not be processed and should not be set in this
mode. Settings which have numeric arguments will be processed and may be set
in this mode.

AES:

This state is used when setting and reading the AES/EBU status bytes. The bytes
are always transmitted and received whenever the AES/EBU or SPDIF interfaces
arein use. However, they may only be read and changed over the GPIB when in
this state.

The arguments SETUP and READING are the most commonly used. A typical
program for the FFT type DSP programs would use the SETUP state during setup
before a sweep and READING during the sweep.

SEE ALSO

READINGPARAM, LOCKRANGE, XFORM, DSPSTATUS, AQXFORM,
REPROCESS
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DSPRATE -- Set the DSP sampling rate.
DSPRATE? -- Return current DSP sampling rate.

SYNOPSIS
DSPRATE rate; the multiple choice character
DSPRATE?, argument "rate” selections depend on
which DSP program isloaded. The
entirelist of argumentsis 1KHZ,
8KHZ, 32KHZ, 48KHZ, 192KHZ,
44 1KHZ, 176 _4KHZ.
INITIAL STATE
DSPRATE 48KHZ;
RETURNS
DSPRATE rate;
DESCRIPTION

This command controls the DSP sampling rate for A/D conversion and digital
interfacing.

When some DSP programs are loaded, not all of the rate choices will be available.

The six DSP programs currently shipped from the factory allow the following

rates.
FFTGEN  1KHZ, 8KHZ, 32KHZ, 48KHZ, 192KHZ, 44 _1KHZ,
176 _4KHZ
FFTSLIDE  1KHZ, 8KHZ, 32KHZ, 48KHZ, 192KHZ, 44 1KHZ,
176 _4KHZ
FASTTEST 8KHZ, 32KHZ, 48KHZ, 44 1KHZ
HARMONIC 48KHz, 192KHz
GENANLR  32KHz, 44 1KHz, 48KHz
BITTEST  32KHz, 44 _1KHz, 48KHz
SEE ALSO

INTYPEDSP, CH1IN, CH2IN
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FFTSIZE -- Set size of transform
FFTSIZE? -- Get size of transform

SYNOPSIS

FFTSIZE size; the character argument "size" can be
FFTSIZE?, MAX, 4096, 2048, 1024, 512, 256.

INITIAL STATE

FFTSIZE MAX;

RETURNS

FFTSIZE size

DESCRIPTION

FFTSIZE (FFT input data length) determines the number of waveform samples
which will be used for the FFT computation. The resulting FFT will have half as
many frequency points (bins) as the number of waveform samples from which it
iscomputed. The equivalent frequency resolution is obtained by dividing the
sample rate by the number of waveform samples. For example, at a48 kHz
sample rate with a 4096 sample record length, the resulting FFT will consist of
2048 spectral lines (bins) evenly spaced from zero Hz to the Nyquist frequency
(/2 sampling rate). The resulting bin width is approximately 11.7 Hz. With
maximum memory (Dual Domain unit or aunit with MEM option), the
MAXIMUM record length selection results in 16,384 samples. A spectrum will
then be produced with 8,192 frequency points (bins) and frequency resolution of
2.93 Hz (48,000/16,384).

FFTSIZE does not affect the amount of data acquired. Thiswill be 30,720 points
per channel with maximum memory (Dual Domain unit or a unit with the MEM
option), 8192 otherwise. When the 1 kHz samplerateis selected the acquired
memory is limited to 1.5 times the FFTSIZE value to reduce the amount of time
required for acquisition.

SEE ALSO

DSPRATE

FFTSLIDE 336



IEEE-488 Programmers Manual Programming Reference

FFTSTART -- Time offset to start FFT
FFTSTART? -- Return offset time setting

SYNOPSIS
FFTSTART seconds; the value of the floating point
FFTSTART?, argument "seconds" determines the
start of the data record to be
transformed within the acquired
data.
INITIAL STATE
FFTSTART 0.0;
RETURNS
FFTSTART seconds;
DESCRIPTION

The FFTSTART command panel permits control over the starting point in the
record for the FFT computation. The record length command (FFTSIZE) controls
the number of samples, beginning at the FFTSTART point, which will be used in
the FFT computation. As aways, the number of frequency pointsin the spectrum
will be 1/2 the number of samplesin the selected record length.

This dliding start point capability permits frequency analyses to be performed at
various points of an acquired signal. If the signal is a swept or stepped frequency
sweep, for example, spectral analysis can be done at different points through the
acquired sweep to view the fundamental signal component plus distortion
products and sidebands.

Theinitial trigger-and-acquire operation is controlled by the AQXFORM
command. Once the signal is acquired and resident in the DSP module memory,
further FFT transforms are accomplished viathe XFORM command. Thus, each
timethe FFTSTART point or record length for FFT is changed, a XFORM
operation will cause anew transform and display.

SEE ALSO

AQXFORM, XFORM
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INTYPEDSP -- Set signal routing to input of DSP.
INTYPEDSP? -- Return current input signal path.

SYNOPSIS

INTYPEDSP type; the character argument "type" can be
INTYPEDSP?, ADC, SERIAL, PARALLEL, or
DGEN.

INITIAL STATE

INTYPEDSP ADC,

RETURNS

INTY PEDSP type;

DESCRIPTION

INTYPEDSP in conjunction with CH1IN and CH2IN determines from what
source the DSP receivesitsdata. The argument ADC selects the A/D converters
which convert the analog signalsinto digital signalsfor processing. INTYPEDSP
ADC will set the CH1IN and CH2IN argument list to ANLRA, ANLRB, MEAS,
GEN, DSPA, DSPB or NONE. When INTY PEDSP is anything other than ADC,
the CH1IN and CH2IN argument listisA, B, and NONE. INTYPEDSP DGEN
selectsthe digital signal generator which is sometimes not available, depending
on the DSP program that isloaded. INTYPEDSP SERIAL selects the serial ports
(See SERIALMODE to choose the specific seria port). INTYPEDSP
PARALLEL selectsthedigital parallel input.

Note INTY PEDSP affects the valid arguments for the commands CH1IN and
CH2IN.

SEE ALSO

DSPRATE, CH1IN, CH2IN, SERIALMODE
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OUTCHDSP -- Turn output channel on and off.
OUTCHDSP? -- Return current output channel setting.

SYNOPSIS

OUTCHDSP channel; character argument "channel" can be
OUTCHDSP?; ON, OFF, A, or B. ON implies both
A and B.

INITIAL STATE

OUTCHDSP ON;

RETURNS

OUTCHDSP channdl;

DESCRIPTION
Will select the channel (s) for output data. A will turn on channel A, B will turn
on channel B, ON turns on both channels simultaneously. If OUTTYPEDSPis
SERIAL or PARALLEL, the datais two channel multiplexed so the arguments
perform as expected. Since thereisonly asingle output for the DAC, when
OUTTYPEDSPisset to D/A, A, B, and ON all perform the same function.

Some DSP programs have no signal output capability. Therefore this command
will have no effect on such programs.

SEE ALSO

DSPRATE, OUTTYPEDSP, DITHERBITS, DITHERTY PE
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OUTTYPEDSP -- Set DSP output signal route.
OUTTYPEDSP? -- Return DSP output route.

SYNOPSIS
OUTTY PEDSP type; "type" is a character argument and

OUTTYPEDSP?; can be DAC, SERIAL, or
PARALLEL.

INITIAL STATE
OUTTYPEDSP DAC;

RETURNS

OUTTY PEDSP type;

DESCRIPTION

OUTTY PEDSP controls the DSP output signal routing. OUTTYPEDSP DAC
sends the digital signal through the D/A converter and out the DSP BNC labeled
OUTPUT D/A. If used in conjunction with the generator WAVEFORM DSP
command, the output from the DAC can aso be found on the analog generator
outputs. OUTTYPEDSP SERIAL sendsthe digital signal to the serial port. See
SERIALMODE for more on seria digital signal routing. OUTTY PEDSP
PARALLEL will make the digital signal available on the parallel output.

Some DSP programs have no output signal. This command will have no effect on
such programs.

SEE ALSO

OUTCHDSP, DSPRATE, DITHERBITS, DITHERTY PE, SERIALMODE
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PRETRIG -- Set time of pre-trigger
PRETRIG? -- Return pretrig time

SYNOPSIS

PRETRIG time; the floating point argument "time"
PRETRIG?, determines the amount of data before
the trigger event to save in memory.

INITIAL STATE

PRETRIG 0.0;

RETURNS

PRETRIG time;

DESCRIPTION

In some cases it is desirable to view data which occurred just before the trigger signal.
Thisis possible with FFTSLIDE since the DSP actually starts acquiring datainto
memory when the AQXFORM command is executed, even before atrigger occurs. The
newest samples overwrite the oldest samples.

Only negative time values can be programmed with the PRETRIG command. When
AQXFORM is executed and atrigger event occurs, the specified amount of pre-trigger
data samples are retained in addition to data sampled after the trigger to fill the remaining
memory. Pre-trigger plus post-trigger samples will equal the acquired record length.
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READINGPARAM -- The DSP sweep setup command.
READINGPARAM? -- Returns the DSP transformation setup.

SYNOPSIS

READINGPARAM setl, low2, high3, steps4, steptypeb;
READINGPARAM?,

"setl" character
"low?2" float
"high3" float
"stepsA” integer

"steptypes”  character

RETURNS
READINGPARAM setl, low2, high3, steps4, steptypeb;

DESCRIPTION
READINGPARAM should be use at the beginning of every sweep.

This function informs the DSP of parameters to be swept. Thisis necessary to
allow the DSP to intelligently process analyzed data based upon knowledge of
how the datawill be formatted. This may be used by the DSP program to prevent
display aliasing in time domain displays and to adjust the spectral display
resolution to guarantee that no components will be skipped over when the number
of stepsin asweep is smaller than the number of pointstransformed. The
operation of this command varies with the DSP program in use. For further
information consult the documentation for the DSP program being used.

setl: (character string)

This argument points to the setting that will be swept when performing a sweep.
This describes the horizontal value (independent variable) used to extract the data
from the acquisition or transform buffer. The DSP uses this parameter to select
for output either the acquired or the transformed data (time or frequency). Two
example arguments are "ACQTIME" and "SPECTFREQ" which correspond to
two valid commands when either FFTGEN or FFTSLIDE arein use. Note that
the argument list will change with each DSP program since the setting header
used in the sweep may change when anew DSP program is |oaded.
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low2 and high3: (both floating point)
These are the beginning and end points of the sweep in the same unit (volts, freq,
etc.) aswill be used for the horizontal value (the setting specified by setl).

steps4: (integer)

The number of steps that will be in the sweep. (The number of stepsisone less
than the number of pointsin the sweep.) Thisis not necessarily the same as the
number acquired or transformed, and typically will be much smaller.

steptype5: (character string)
"ARBITRARY"

"LINEAR"
"LOG"

The type of the sweep which can abe LINEAR sweep (equally spaced steps), a
LOG sweep (logarithmically spaced steps), or aARBITRARY sweep (arbitrarily
spaced steps).

Peak picking isturned off during ARBITRARY frequency sweeps.

SEE ALSO

AQXFORM, XFORM, DSPSTATUS, DSP program operational description
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SPECTFREQ -- Current frequency of sweep
SPECTFREQ? -- Return current sweep frequency

SYNOPSIS
SPECTFREQ frequency;
SPECTFREQ?:
the floating point argument
"frequency” isvalid in the range of
the FFT data. Thisrangeisfrom 0.0
Hz to 1/2 the sample rate.
RETURNS
SPECTFREQ frequency;
DESCRIPTION

SPECTFREQ selects which FFT binisread by the AMPL1? and AMPL2?
commands. By sweeping SPECTFREQ the FFT spectrum can be examined by
use of the AMPL1? and AMPL2? commands. If the peak-picking algorithmis
turned off the DSP will round the SPECTFREQ value to the nearest FFT bin
value and return the amplitude values in that bin in response to AMPL1? or
AMPL2? commands. If the peak-picking algorithm is turned on the DSP will
search the spectrum between the last SPECTFREQ value and the current one and
return the largest amplitude values between the two frequencies in response to
AMPL1? or AMPL2? commands. The peak-picking algorithm is controlled by
the READINGPARAM command. If the READINGPARAM "steptype5” is set
to linear or log, peak-picking will be enabled. 1f READINGPARAM "steptype5”
isset to ARBITRARY the peak-picking agorithm will be turned off.

SEE ALSO

AMPL1, AMPL2, READINGPARAM
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TRIGPOLARITY -- Set DSP trigger polarity
TRIGPOLARITY? -- Get DSP trigger polarity

SYNOPSIS
TRIGPOLARITY PLUS,
TRIGPOLARITY INV;

TRIGPOLARITY OFF,
TRIGPOLARITY?,

INITIAL STATE

TRIGPOLARITY OFF,

RETURNS

TRIGPOLARITY slope;

DESCRIPTION

The TRIGPOLARITY command permits selection of trigger signal slope upon
which the DSP will trigger an acquisition. The PLUS choice causes triggering at
apositive-going zero crossing of the trigger source signal. INV causes triggering
on the negative-going zero crossing. With the OFF selection, the DSP will
acquire immediately upon execution of the AQXFORM command, equivalent to
the "free running” trigger selection on oscilloscopes.

SEE ALSO
TRIGSOURCE
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TRIGSOURCE -- Set DSP trigger channel
TRIGSOURCE? -- Get current DSP trigger channel

SYNOPSIS
TRIGSOURCE channel; the character argument "channel”
TRIGSOURCE?, can be ANLRA, ANLRB, DSPA,
DSPB, RDNG, GEN-SYNC, LINE,
1,2, AUTO, or EXTERN.
INITIAL STATE

TRIGSOURCE ANLRA,;

RETURNS

TRIGSOURCE channel;

DESCRIPTION

The program FFTSLIDE has much more flexible triggering than FFTGEN. The
TRIGGER source selection field isindependent from the input selection
commands CH1IN and CH2IN. The TRIGSOURCE command includes as
choices most of the same signal sources availableto CH1IN and CH2IN: both
ANLR channels, both DSP input connectors, and the analyzer RDNG meter.
Four other choices are unique to the TRIGSOURCE command: GEN-SYNC,
LINE, 1 (DSP channel 1 signal), and 2 (DSP channel 2 signal). GEN-SYNC
refers to the analog generator sync output signal. If the signal is being generated
from System One'sinternal generator, the GEN-SY NC selection is the best
source. Thissignal isasquarewave at the generator frequency in sinewave and
squarewave modes; the envelope of the burst signal in sine burst, trig, and gate
modes; a squarewave at the lower IMD frequency in SMPTE IMD mode; a
squarewave at one-half the spacing frequency in CCIF IMD mode; the
squarewave IMD signal in DIM IMD mode; and a pulse at the pseudo-random
repetition rate in PSEUDO noise modes. Thereisno signal at thispoint in
RANDOM noise modes and therefore the DSP will not trigger (select OFF with
the TRIGPOLARITY command). LINE refersto the AC power mainsline

frequency.

The 1 and 2 selections cause triggering on the zero crossing of Channel 1 or 2
data. Thedirection of zero crossing is selected with the TRIGPOLARITY
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command: PLUS for positive going and INV for negative going. Thisis useful
for triggering from digital signal inputs, where no other triggering sourceis
typically available. A fixed hysteresis of 0.1% of the full scale rangeis used to
reduce the effects of noise. If the signal does not reach thislevel it will be
necessary to select AUTO.

If AUTO is selected triggering is from the channel with the largest signal present.
Thetrigger hysteresis will be set to 25% of the peak signal level. Sincethe
hysteresisis set based on signal level (not measurement range) the software will
always trigger, regardless of signal level. However, the channel selection and
hysteresis setting are performed when the DSP isin SETUP mode (see the
DSPOPSTATE command). Therefore, when AUTO is selected it is necessary to
program DSPOPSTATE to SETUP mode for approximately 0.1 seconds before
changing to DSPOPSTATE SWEEP and issuing an AQXFORM command.

EXTERN will cause the DSP to wait for ahigh level on the auxiliary input of the
rear panel 15 pin connector.

SEE ALSO

TRIGPOLARITY
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WFMCOUPLING -- Turn waveform averaging on or off
WFMCOUPLING? -- Return current state of waveform averaging

SYNOPSIS

WFMCOUPLING -AVG;
WFMCOUPLING OFF;
WFMCOUPLING?,

INITIAL STATE

WFMCOUPLING -AVG;

RETURNS

WFMCOUPLING -AVG; or
WFMCOUPLING OFF;

DESCRIPTION

The -AV G mode performs a computation whose results are similar to AC
coupling on an oscilloscope. This function computes the average value of al the
samplesin the record and subtracts that average from each value in the record.
The effect isto remove any DC offset present in the signal when the signal is
displayed. Thisfunction also operates on the real-time peak amplitude readings
in SETUP mode to remove any DC component present.

Since thisis not true AC coupling, care must be taken during the original
acquisition of signals with a DC component that neither positive nor negative
peak excursions exceed the full-scale range of the input A/D converters. When
acquiring signals through the System One analyzer channel A or channel B
inputs, their hardware AC coupling and autoranging should prevent overload.
With asignal fed directly to the BNC connectors on the DSP unit, however, the
user isresponsible for control of the external signal amplitude. The real-time
amplitude readings AMPL 1? and AMPL 2? indicate absolute input signal peak
amplitude and should never be alowed to exceed 1.0 FFS (Fraction of Full
Scale).

Since the average over the record is subtracted, it isimportant not to use this

function on very low frequency signals where the DC content of partial acquired
cycles could confuse the algorithm.
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WFMPROCESS -- Set waveform interpolation type
WFMPROCESS? -- Get current waveform interpolation setting

SYNOPSIS
WFMPROCESS type; the character argument "type" can be
WFMPROCESS?, INTERPOL, NORMAL, PEAK, or
MAXIMUM.
INITIAL STATE

WFMPROCESS INTERPOL,;

RETURNS

WFMPROCESS type;

DESCRIPTION

When WFMPROCESS isin the NORMAL condition, the DSP software follows
its normal practice of returning the data points from the sample nearest to the
ACQTIME setting. This may produce adequately faithful reproduction of
waveforms when the signal frequency islow relative to the samplerate. Each
signal cycleisthen represented by many samples and the data points will be
relatively smooth. When the signal frequency is high relative to the sample rate,
however, each cycleis represented by only a small number of points. A 20 kHz
sine wave acquired at a 48 kHz sample rate, for example, has an average of only
2.4 points per cycle. If the external display software "connects the dots’, the
result does not ook like a sine wave.

When INTERPOL is selected instead of NORMAL, an additional software
routine in the DSP unit computes what the signal waveform must have looked like
to produce those samples. It assumes that the signal had been band-limited by an
anti-alias (low-pass) filter before sampling. Therefore it interpolates a waveform
value between data points when the ACQTIME setting does not fall directly upon
asample.

The PEAK choice of the WFMPROCESS command selects a DSP routine which
sends the largest positive or negative value since the previous selected data point
(using ACQTIME), preserving the sign. The principal purpose of PEAK modeis
to avoid the risk of completely missing asignal due to an unfortunate combination
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of signal frequency, sample rate, and the number of points extracted (extraction
diasing). The ACQTIME vaue must sweep from one end of the acquired datato
the other, random access is not allowed while PEAK is enabled.

The MAXIMUM selection of the WFMPROCESS command returns the absolute
value of the largest peak value since the previous returned data point. Invoking
this mode gives the envelope of the acquired waveform if the number of pointsis
not too high. Two points per cycle of signal waveform is optimum for envelope
capture. Thisis helpful when measuring the output of compressors or limiters and
when measuring wide-dynamic-range signals. The ACQTIME value must sweep
from one end of the acquired data to the other, random accessis not allowed while
MAXIMUM is enabled.

The WFMPROCESS (INTERPOL, NORMAL, PEAK, or MAXIMUM)

command affects only what is returned from the waveform data, not spectral data
(FFT).

SEE ALSO
ACQTIME, DSPOPSTATE
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WINDOW -- Set type of windowing for transform
WINDOW? -- Get window type used with transform

SYNOPSIS

WINDOW type; the character argument "type" can be
WINDOW?, one of; BH4, HANN, FLAT or
NONE.

INITIAL STATE
WINDOW BH4

RETURNS

WINDOW type;

DESCRIPTION

FFT algorithms process a segment of signal called adatarecord. Thisisaseries
of data samples. The quantity (number of samples) is usually a power of 2 such
as 512, 1024, etc. Since this data record starts at some point in time and ends a
short time later, the FFT algorithm has no information about the signal outside
thistimeregion. The FFT algorithm assumes that the data outside this data record
isan infinite series of replicas of the data record. If the data record being
transformed does not contain exactly an integral number of cycles of signal, the
value at the end of the record will not match the beginning value of the next
record. The resulting sharp discontinuities in the waveform appear as large
amounts of high frequency energy in the transformed result.

To aleviate this problem, a"window" may be applied to the data. Theidea
behind awindow isto gradually taper the data at both ends of the record toward
zero so that it will always make a smooth transition with the following and
preceding repetitions of the record. Thisisaccomplished by multiplying each
point in the data record by a mathematical function which is near unity (1.000) in
the center of the datarecord and small at the ends of the record. The simplest
such function is a cosine wave with an added DC offset so that its negative peaks
just reach zero. After multiplication by the window function the data record goes
to zero at the ends and so smoothly meets each data record on either side of the
one being transformed. However, multiplying the data by the window function
does alter the spectrum of the origina sinewave. As might be expected by
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visualizing the envel ope of the repeating windowed data record, the spectrum of
the original sinewave has been broadened. However, the spurious high frequency
components produced by the sharp discontinuities have been eliminated.

The generic term window comes about because it restricts the view of the FFT to
the central portion of the data record in much the same way that a window
restricts the view of a person looking through it. There have been an endless
variety of windows developed which trade off the spread in the spectral peak
versus the attenuation of the spurious energy created by the ends of the data
record. The sharper the roll-off in the skirts and the higher the attenuation of the
sidelobes, the wider the peak must be in the passband. The bandwidth of the peak
will be a specific number of binsfor any given window. Increasing the length of
the data record will reduce the bin width and therefore reduce the bandwidth in
Hertz.

The raised cosine window described aboveis called the HANN window after its
inventor, Austrian meteorologist Julius von Hann. (It is oftenincorrectly called a
Hanning window due to confusion with the "Hamming" window, named after its
inventor Richard Hamming.) The Hann window is provided as one of the choices
in the System One DSP FFT programs. The second window supplied is the -92
dB sidelobe 4-term Blackman-Harris window (BH4), named after its devel opers
R. B. Blackman and F. J. Harris. It has much steeper skirts, and an ultimate
attenuation of sidelobes by 92 dB. It givesarelatively flat top approximately 3
binswide. The third window choiceis FLAT for aflat top window that produces
little window related error in the passband. Thereforeit is useful when making
level measurements, but this comes at a cost of frequency selectivity. Two
closely spaced tones could appear to be one. The fourth window choicein the
programsis labeled NONE and performs no windowing of the data; thisis often
called arectangle window.

The selection of window also affects the amplitude measurement accuracy with
the FFT programs. Bin centers are at frequencies exactly determined by the
sample rate and record length. A signal component being measured, however,
may generally fall at any point within abin. The measurement uncertainty is thus
determined by how far from bin center the signal frequency falls and by the shape
of the window function across the bin. Worst-case errors (window attenuation at
the edge of the bin) are approximately 0.8 dB for the BH4 window, 1.5 dB for
Hann, 0.01 dB for the FLAT window, and 4.5 dB for NONE (no window).

For an excellent technical discussion of windows and their characteristics see F. J.

Harris, "On the use of Windows for Harmonic Analysis with the Discrete Fourier
Transform", Proc. of the IEEE, Vol. 66, No. 1, Jan 1978, pp. 51-83.
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FASTTEST AND FASTTRIG PROGRAMS FOR FAST AUDIO TESTING

Overview

FASTTEST and FASTTRIG were developed for very rapid frequency response,
distortion, noise, inter-channel phase, and stereo separation testing of audio
systems and equipment. Both programs operate by digitally generating a multi-
sinewave signal as stimulus, then performing an FFT analysis of the resulting
signal at the output of the device or system under test. The multi-sinewave signal
is defined by waveform (\WAYV) files which must be downloaded to the generator
buffersof FASTTEST or FASTTRIG. A number of standard equal-amplitude
multitone waveforms with from five to sixty sinewaves are furnished with the
programs. These furnished waveforms have the sinewaves distributed
approximately logarithmically across the audio spectrum. A set of utility
programsis also included which permit the user to create custom multitone
signals with any desired set of user-specified frequencies at user-chosen
amplitudes and phase relationships. Multitone signals can be used in the digital
domain for testing digital devices. More commonly they are converted to the
analog domain by the D/A converter in the DSP module and fed out through the
analog generator output stage for testing analog devices. FASTTEST and
FASTRIG have no " built-in" default waveform or signal generation capability.
An appropriate WAV file must be downloaded into the generator memory
buffers before either program can generate any signal.
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Figure 1 60-Snewave Sgnal Fed Through Equalizer, High Resolution FFT of Output
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The analog output signal from the device under test is applied to System One,
typically viathe analog analyzer input circuits and signal conditioning. Itis
converted to digital domain in the DSP A/D converters, and an is FFT performed.
The spectrum of a 60-tone signal created with this technique is shown in Figure 1
above, after passing through an equalizer under test. Depending upon how the
FFT results are processed and displayed, the final result may be frequency
response, distortion, noise, phase, or stereo separation (crosstalk). For example,
by plotting only the amplitudes of FFT bins which contain the exact fundamental
frequencies of the sinewaves in the signal, the resulting display becomes a
conventional frequency response graph as shown in Figure 2 below. The vertica
scale has been expanded for better display of response. This graph is exactly
equivalent to aline connecting the spectral peaks of the graph in Figure 1 above.
Conventional upper and lower limit files can be applied to such atest for go/no-go
frequency response tests. The .SWP file capability of S1.EXE is used to specify
exactly which bins should be interrogated. With a GPIB unit the user will haveto
supply the sweep table and GPIB program to produce equivalent results.
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Figure 2 60-Snewave Sgnal Fed Through Equalizer, Plot of Frequency Response Only

The principal advantage of this multitone techniqueis speed. A 60-point (1/6
octave resolution) frequency response graph can be obtained in about two seconds
using a 386-based computer, compared to atypical 15-20 seconds required for a
60-point sinewave sweep. A 16-point (1/2 octave) resolution measurement can
take less than one second. For testing broadcast transmissions, tape recording
quality, and similar applications, a burst of multitone signal as short as 0.25
seconds can be captured and will provide all the performance measurements listed
above during the following several seconds.
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Total distortion and noise can be measured by selecting the FASTTEST or
FASTTRIG SPECTPROC DISTORT mode in which only the energy in FFT bins
between the fundamental signalsis measured and graphed. If necessary, it isalso
possible to test for harmonic distortion and intermodulation distortion
individually. For distortion testing, the original signal should be properly
constructed so that sinewave fundamentals are not generated at low integer
multiples of lower frequency sinewaves. Such signals would obscure harmonics
generated by the lower frequency signals. Noise evaluations can be made by
measurements of FFT bins where no fundamental or distortion products fall.
Inter-channel phase of stereo signalsis measured by the DSP subtracting the left
channel FFT phase measurements from the right channel data. Stereo separation
can be measured by sending left and right channel waveforms with some
frequencies different on the two channels and measuring the amplitude in the
opposite channel at the unique frequencies. Stereo separation measurements on
analog domain devices require external dual D/A converters, since System One
contains only one D/A converter and only one analog generator output stage.

The signal, once acquired and stored in DSP memory, can be repeatedly evaluated
(usually in a procedure) by a succession of tests, each with itsown FASTTEST or
FASTTRIG command settings and user provided measurement sweep tables.
Thus, for example, a broadcast system could be tested with a short burst of as
little as 0.25 seconds of multitone signal inserted during programming and
acquired at many measurement locations. Normal program material would follow
immediately. Meanwhile, several different parameters of the signal could be
automatically measured at each location from the acquired signal during the
following few seconds, displayed if desired, compared to limits, and possibly
printed. The complete acquired signal could even be stored to disk for further
evaluation later or at another location.
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Figure 3 Smplified Functional Diagram, FASTTEST and FASTTRIG Testing in Analog
or Digital Domains

FASTTEST vs FASTTRIG; Which Program to Use

FFASTTEST and FASTTRIG are similar in general concept and share many
features. FASTTEST isintended principally for rea-time stimulus-response
testing of electronic devices. Such devicestypically do not shift the frequency of
the signal passing through them, have little or no time delay between input and
output, and have input and output within convenient cable connection distance
from a single System One.

FASTTRIG isintended for applications when the multitone signal is being
transmitted from a distant point or has been previously recorded and isto be
measured when played back. To accomplish testing under these situations,
FASTTRIG hasthe ability to trigger signal