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Abstract

The rapid development within the field of measurement methods and techniques 
and software design that has taken place over the last years offers new 
possibilities for designers of measurement systems through the use of virtual 
instruments as building blocks. The concept of virtual instrumentation is 
developed within the interchangeable virtual instrument foundation. A closely 
related term is “synthetic instruments”, which is often used for essentially the 
same concept, but it is even more software oriented. Synthetic instruments as a 
research field are in an initial stage and a quick search on “Synthetic 
instruments” in Institute of Electrical and Electronics Engineers (IEEE) explorer 
match close to 30 documents. IEEE explorer is a database that provides full-text 
access to IEEE transactions, journals, magazines and conference proceedings, 
and all current IEEE Standards.

This Master Thesis is a theoretical work extracted from study material, IEEE 
documents and web-resources referenced. The work gives the reader an 
overview of the Synthetic Instruments and their functionality with respect to 
hardware and software. The papers were analyzed based upon the various trends 
in the research, development and productizing phases.
For this approach; kernel architecture of an ideal synthetic instrument has been 
introduced as a prototype around which current technologies and applications 
can be addressed.

The major areas of focus in the architecture are the data conversion and signal 
conditioning; the knowledge of its working under current implemented 
technologies has been highlighted and discussed in regards to the software and 
hardware trends. The defense industry holds the major influence. The work was 
aimed towards giving a state-of-the art introduction to synthetic instrument 
technology; also in order to provide the work an introductory nature, only one 
hardware & software example has been discussed.
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1 Thesis overview

The thesis is organized as follows:

Chapter-2: Gives the introduction and defines the synthetic instrumentation technology, the 

                    background related to it and automated test systems

Chapter-3: Gives a short introduction of standards involved in the industry and they are 

                    categorized based upon their risk in their practicality in the market.

Chapter-4: Describes about the defense industry and it’s needs and areas of work to be 

                    undertaken. Introduces possible solutions to the problems addressed.

Chapter-5: Describes synthetic & virtual instruments practically and defines their 

                    generic architecture with suggested examples. Here the digital converter 

                    technology has been introduced and their common issues have been discussed.

Chapter-6: Describes the pre-requisite knowledge for signal conditioning in the synthetic 

                   instruments. DSP technology usage pertaining to signal conditioning and its 

                   respective standards for development have been mentioned here.

Chapter-7: Universal high-speed RF Microwave test system has been described and the 

                   hardware architecture is mentioned in detail. The discussions related to the 

                   internal working , its goals and different schemes have been explained in detail.

Chapter-8: As per the discussions in the chapter-4, here the possible solution for a software 

                   architecture has been mentioned. The architecture has been explained in regards to 

                   the current trends in the department of defense and its demands. 

Conclusions
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2. Theory

2.1 Introduction

According to the current analysis, the genesis of measurement systems shows that the devices 
were expressly designed to perform a particular measurement according to the user needs. For 
example if the user wanted to measure a length, he grabbed a scale, or a tape to measure, or a 
laser range finder and carried it over to where they wanted to measure a length. Then they 
walked back and put the device away in its carrying case or other storage, and put it back on 
some shelf somewhere where they originally found it. Typically for a set of measurements to 
be made, matching instruments were required. 

This is a vague picture of what happened in the past, but in the 20th century the pace picked up 
a lot. The minicomputer was invented and it was used to control the measurement devices 
which made the measurements to be faster and user friendly. With computer-controlled 
measurement devices, users still needed a separate measurement device for each separate 
measurement. It seemed fortunate that they didn’t necessarily need a different computer for 
each measurement. Common instrument interface buses allowed multiple devices to be 
controlled by a single computer. As the evolution paced such approach became too traditional 
and the computer-controlled instruments were put in an enclosure, making a measurement 
system that comprised a set of instruments and a controlling computer mounted in a 
convenient package (Rack). Typically EIA standard 19 racks were used, and the resulting 
sorts of systems have been described as “rack & stack” measurement systems.

The approach where measurement instruments were put into smaller, plug-in packages that 
connected to a common bus is called as the modular instrumentation but it is not essentially 
the same as synthetic instrumentation entirely. Modular packaging can eliminate redundancy 
in a way that seems the same as how synthetic instruments eliminate redundancy. Modular 
instruments are boiled down to their essential measurement-specific components, with 
nonessential things like front panels, power supplies, and cooling systems shared among 
several modules.
Modular design saves money in theory. In practise, however, cost savings are often not 
realized with modular packaging. Anyone attempting to specify a measurement or test system 
in modular VMEbus Extension for Instrumentation (VXI) packaging knows that the same 
instrument in VXI often costs more than an equivalent standalone instrument. This seems 
absurd given the fact that the modular version has no power supply, no front panel, and no 
processor. On the contrary a synthetic instrument design will attempt to eliminate redundancy 
by providing a common instrument synthesis platform that can synthesize any number of 
instruments with little or no additional hardware. With a modular design, when you want to 
add another instrument, you add another measurement specific hardware module. With a 
synthetic instrument, ideally you add nothing but software to add another instrument.
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2.2 Definitions

The term synthetic instrument was coined by the U.S. Department of Defense (DoD) and it is 
traditionally defined as a concatenation of hardware and software modules used in 
combination to emulate a traditional piece of electronic instrumentation. The DoD has created 
a standards body called the Synthetic Instrument Working Group (SIWG) who’s role is to 
define standards for interoperability of SI’s. Other fundamental definitions include [1, 2, & 3]

Synthetic Measurement System

A synthetic measurement system (SMS) is a system that uses synthetic instruments 
implemented on a common, general purpose, physical hardware platform to perform a set of 
specific measurements using numeric processing techniques.

Synthetic Instruments

A synthetic instrument is a functional mode or personality component of an SMS that 
performs specific synthesis or analysis function using specific software running on generic, 
non-specific physical hardware.

Technically, synthetic instruments synthesize the stimulus or measurement capabilities found 
in traditional test instruments through a combination of software algorithms and hardware 
modules that are based on core instrumentation circuit building blocks. The concept of 
synthetic instrumentation finds its roots in the well-accepted technologies and techniques 
behind software-defined radios, mobile phones and other communications systems designed 
and fielded today.

2.3 Synthetic Instrument background

The concept of synthetic instrumentation goes back a number of years and was briefly 
explored by the military in programs such as Equate and Universal Pin Electronics in the late 
1970’s and early 1980’s. During this period the technology was mainly focused on low-
frequency analog, digital and baseband, as opposed to RF/Microwave applications. It is said 
that the renaissance of electronic instrumentation began in the 1940’s-1960’s as the 
commercial electronic devices and military applications started to proliferate with the 
availability of cost-effective power generation/distribution during this period, especially the 
advent of the semiconductor industry [4, & 5].

Traditional instruments (which have their own class and category) such as digital multimeters, 
electronic counters, oscilloscopes, power meters, spectrum analyzers, function generators, and 
a few network analyzers were designed using somewhat different stimulus/measurement 
circuitry and techniques i.e. the traditional approach was to accomplish these techniques in 
their respective  proprietary hardware.
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2.4 Automatic Test Systems

It can be deducted from [6, 7, 8, & 9], that an Automatic Test System (ATS) includes 
Automatic Test Equipment (ATE) hardware and its operating software, Test Program Sets 
(TPS) which include the hardware, software and documentation [8] required to interface with 
and test individual system component items, and associated software development 
environments [2, 6, 8, 10, 11, & 12]. The term "ATS" also includes on-system automatic 
diagnostics and testing.

Automatic testing of electronic systems or components is required due to the complexity of 
modern electronics. In the early days of electronics maintenance, a technician could 
troubleshoot and repair an electronic system using an analog volt-ohm meter, an oscilloscope 
and a soldering iron. Today, electronics are very complex, with multi-layer circuit boards 
densely packed with high-speed digital components that have many different failure modes. 
Manually testing all components and circuit paths in typical modern systems is virtually 
impossible. 

ATS are used to identify failed components, adjust components to meet specifications, and 
assure that an item is ready for issue. The ATE hardware itself may be as small as a man-
portable suitcase or it may consist of six or more six-foot high racks of equipment weighing 
over 2,000 pounds. ATE is often ruggedized commercial equipment for use aboard ships or in 
mobile front-line vans. ATE used at fixed, non-hostile environments such as depots or 
factories may consist purely of commercial off-the-shelf equipment.

The heart of the ATE is the computer which is used to control complex test instruments such 
as digital voltmeters, waveform analyzers, signal generators, and switching assemblies. This 
equipment operates under control of test software to provide a stimulus to a particular circuit 
or component in the Unit Under Test (UUT), and then measure the output at various pins, 
ports or connections to determine if the UUT has performed to its specifications.  The basic 
definition of ATE, then, is computer controlled stimulus and measurement. 

The ATE has its own operating system which performs housekeeping duties such as self-test, 
self-calibration, tracking preventative maintenance requirements, test procedure sequencing 
and storage and retrieval of digital technical manuals. TPS consist of the test software, 
interface devices and associated documentation.

The computer in the ATE executes the test software, which usually is written in a standard 
language such as ATLAS, Ada, C++ or Visual Basic. The stimulus and measurement 
instruments in the ATS have the ability to respond as directed by the computer. They send 
signals where needed and take measurements at the appropriate points. The test software then 
analyzes the results of the measurements and determines the probable cause of failure. It 
displays to the technician the component to remove and replace. An example scenario on 
signal & noise related problem and solution has been given in [13]

Developing the test software requires a series of tools collectively referred to as the software 
development environment. These include ATE and UUT simulators, ATE and UUT 
description languages, and programming tools such as compilers.

ATE is typically very flexible in its ability to test different kinds of electronics. It can be 
configured to test both black boxes (called either Line Replaceable Units (LRUs) or Weapons 
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Replaceable Assemblies (WRAs)) and circuit cards (called either Shop Replaceable Units 
(SRUs) or Shop Replaceable Assemblies (SRAs)). Since each UUT likely has different 
connections and input/output ports, interfacing the UUT to the ATE normally requires an 
interconnecting device known as an Interface Device (ID) which physically connects the UUT 
to the ATE and routes signals from the various I/O pins in the ATE to the appropriate I/O pins 
in the UUT.

An objective of the ATE designer is to maximize the capability inherent in the ATE itself so 
that IDs remain passive and serve to only route signals to/from the UUT. However, since it is 
impossible to design ATE which can cover 100% of the range of test requirements, IDs 
sometimes contain active components which condition signals as they travel to and from the 
ATE. The more capable the ATE, the less complex the IDs must be. ATEs with only scant 
general capabilities lead to large, complex and expensive IDs. Some IDs contain complex 
equipment such as pneumatic and motion sources, optical collimators, and heating and 
cooling equipment.

Before the advent of General Purpose Interface Bus (GPIB) & IEEE-488 standards the 
electronic test instruments were either manually controlled or had some proprietary digital 
interface such as BCD (Binary Coded Decimal) [11]. While manual test operation was easy to 
implement and debug, errors, calculation errors, and the need for engineering-level operators 
often increased the difficulty of creating an error-free product. Such inconsistent results meant 
that tests were run multiple times to eliminate errors. Quality issues arose when problem 
products were unknowingly shipped, and error-free products scrapped. Looking at the 
evolutionary flow, the process was to standardize the interface functions. Electrically, early 
instruments were controlled by various proprietary serial and parallel interfaces. With the 
advent of the IEEE-488 GPIB, the I/O interface fared better. 

Figure: 2.1 Evolution of Instrumentation [11]

By contrast, computer-controlled test systems offered enormous benefit. By reducing errors, a 
corresponding and significant reduction in test time was also achieved.  Time reduction was 
accomplished through automatic instrument set-up, test data analysis and data archiving of the 
test results. However, test system developers and engineers originally used expensive 
computers and workstations to control these test instruments, causing increasing delay in 
fielding new test systems due to the time needed to write and debug sophisticated TPS. Yet 
these added steps more than offset those problems resulting from manual test operation. Over 
time, the test equipment industry migrated and most, if not all, of the test instruments added 
support for GPIB control. The wide availability of instruments enabled most electronic 
equipment manufacturers to adopt automatic test system environments. Yet this global and 
enthusiastic implementation hasn’t been without its problems.

1. Cost and product availability- Not all functionality was available in a GPIB controlled 
instrument, causing customers to either develop very expensive custom test 
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instruments, or to make their system(s) semi-automatic (e.g. with some manual 
control)

2. Development expenses- Software became the largest expense of test system.
3. Long-term support- Product obsolescence (e.g. not backward-compatible) forced 

rewrites of systems software as replacement products may perform measurements 
differently. 

Test equipment providers, Aerospace/Defense customers and commercial electronics 
manufacturers wanted these problems addressed. There were many proposals on how to best 
resolve these problems. Below are the key proposals, which were acted upon:

1. Cost and product availability – Removal of expensive redundant hardware. When 
analyzing the components in a rack of instruments it appears there is a high degree of 
under-utilized capability in both compute capacity and power supplies. The theory was 
that if these components could be made common one could reduce the size and the 
cost of a test system.

2. Development expenses - Utilization of a common computer and software development 
environment would lower the price of the software, as there would be readily available 
trained software engineers to write test code.

3. Long term support- Creation of a common instrument language to support forward 
compatibility (e.g. Standard Commands for Programmable Instruments (SCPI) and 
Interchangeable Virtual Instruments (IVI)).
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3. IEEE Standards coordinating SIs

3.1 Standards for obsolescence management

There are many standards that exist and are being developed that will facilitate the issues of 
obsolescence management. For instance, most ATE developed in the last 10-15 years has 
incorporated at least some VXI-based instrumentation. VXI has made advances in the recent 
years through the implementation of mezzanine card architectures, offering a three-fold 
density increase. PCI eXtensions for Instrumentation (PXI) [14] is a newer industry standard 
offering good tradeoffs with the traditional VXI products for lower-end test requirements and 
should be considered in any analysis. With the new mezzanine card architectures, the same 
functional capability can be implemented in either a PXI or VXI form factor. While it may be 
idealistic to expect that VXI instruments and IVI drivers provide an effortless path to 
replacement of an obsolete test resource, they do go a long way toward easing obsolescence 
management. Other hardware and software standards can provide solutions that are just as 
viable in solving the obsolescence management issue. A few of these are presented below, 
and are by no means an exhaustive list.

This is especially true of de facto and/or industry standards mentioned in [8, 9, 15, & 16 ]. 
The topics below are presented in the order of precedence towards risk in implementation 
today. Formal standards have little or no risk to implement. De facto or industry standards 
may present some risk due to probability of change and/or being abandoned by industry in 
favor of newer technology. Evolving standards are not yet base-lined to the point that they can 
be implemented with assurance that a change will not occur before being formally released.

3.2 Formal Standards

Formal standards are those which are created and maintained by a recognized standards
organization/body. Within the ATE, the IEEE is probably the most prolific and supportive 
standards organization. Formally released standards ensure a stable base on which to build 
hardware and software for the future ATS that mitigates the current impacts of obsolescence. 
Examples of standards in this category and their applicability to current and future ATE is 
provided below.

IEEE-488: This standard was initially released in the 70’s and is still embodied in products 
available today. As a standard, it has been updated for higher speeds since the original 
version. For the near term, there will continue to be products offering this as a control 
interface, but it will probably phase out over several years in favour of some higher speed, 
cheaper options coming available.

VXI (IEEE-1155): This standard was initially released in 1992. Products incorporating this 
standard as the control interface are still being introduced. For larger ATE system, it is and 
will continue to be the platform of choice for the near term. The VXI Bus Consortium8 
continues to upgrade the basic standard for speed and usability.
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IEEE-1641: Signals and Test Definition - This is a recently released standard that addresses 
test definitions from a purely signal standpoint. This is to allow transportability of test 
“programs” from one test system to another since it does not rely on characteristics of a 
particular instrument. Systems that implement this standard are being developed and 
demonstrated today. These efforts will ensure that systems based on this standard will be 
supportable through the foreseeable future.

IEEE-716 ATLAS: The standard test language for All Systems has been a formal standard 
since 1995. It builds on previous versions/standards for the ATLAS language. While the 
standard may live on in use through offload of obsolete, legacy systems, the use of this 
language in newly developed systems is on the decrease as commercial, graphics-oriented 
languages and development environments take over. Additionally, IEEE-1641 will probably 
take over in applications that would have used this standard language.

The active Standards efforts related to Automatic Test Markup Language (ATML) that are 
ongoing within Standards Coordinating Committee 20 (SCC-20) of IEEE are:

IEEE-1671: Standard (ATML) for Exchanging Automatic Test Equipment and Test     
Information via XML

IEEE-P1232a: Amendment to IEEE Standard for Artificial Intelligence Exchange and 
Service Tie to All Test Environments (AIESTATE)

IEEE-P1636.1:  Software Interface for Maintenance Information Collection and Analysis 
(SIMICA): Exchanging Test Results via the Extensible Markup Language (XML)

IEEE-P1671.1: (Pending) Exchanging Test Descriptions

IEEE-P1671.2: (Pending) Exchanging Instrument Descriptions. The IEEE-1671      Standard 
above is the general ATML overview and architecture document. It defines the scope of 
ATML as the implementation of XML to support the exchange of information in the test and 
maintenance arena. It further defines the goal of ATML to support the interoperability 
between test programs, test assets and UUTs within an ATE. ATML accomplishes this 
through a standard medium for exchanging UUT, test and diagnostic information between 
components of the test system. The purpose of this Standard is to provide an overview of 
ATML goals, as well as to provide guidance for usage of the ATML family of standards. The 
remainder of the standards in the list above supports these goals through implementation of 
ATML schemas to define the exchange format. It should be noted that ATML is not a 
programming language, nor is it a database program. Rather, it is a definition of the data 
organization, content and format.
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3.3 De facto and Industry Standards

Industry standards are not developed or managed from regular, recognized standards bodies or 
organizations. These tend to be “created” and managed by a special interest group within 
industry. These groups, often referred to as Consortiums, Foundations, Alliances, etc. are 
focused on advancing the acceptance of product architecture through the enabling method of 
publishing a standard and enlisting industry acceptance so that instrumentation products are 
supported by several manufacturers. Use of these standards for systems to mitigate future 
obsolescence problems is almost as low risk as a formal standard.

De facto standards, on the other hand are in no way formally established as a standard. These 
are generally commercial (off the shelf) products that have won such wide acceptance through 
cost benefits, manufacturer support, and third party support/user groups that they are viewed 
as “standards” and low risk for use in systems. A de facto standard is a technical or other 
standard that is so dominant that everybody seems to follow it like an authorized standard. 
Products based on De facto standards present a little more risk in obsolescence management 
as there is no formality to the approval of product/standard changes that may obsolete systems 
based on a previous version of the product. Only the power of a large user base controls the 
future development to provide upward compatibility and hence, ease impacts of obsolescence.

PXI: Managed by the PXI Systems Alliance (PXISA), the PXI modular instrumentation 
standard is viewed by many as directly competing with the VXI standard for future system 
installations. While there is some overlap in applications and possible competition between 
the two formats, each has benefits and features that make each the preferred standard for 
different applications. Both will be viable, low risk obsolescence solutions for the near future.

IVI: The interchangeable virtual instrument foundation seeks to develop a layered instrument 
driver standard that isolates the details of the instrument from the rest of the test system 
software architecture. As such, it provides obsolescence management benefit in easing the 
transition to new instruments as older instruments become obsolete. If the test system 
instrumentation is based on IVI architecture, then the acquisition of a new instrument with an 
IVI driver presents minimal effort to incorporate into the system. Labview™ & 
LabWindows/CVI™ 

These are an industry standard and Labview™, in particular, was the lead product in graphical 
development environments. Many other (later) products emulate the capability pioneered by 
Labview. The benefit of these products is their wide acceptance and use, which provide a 
large base of experienced programmers and third party support. For the foreseeable future, 
Test Programs developed in these platforms will represent a low risk in the management of 
obsolescence and the upgrade of test systems.

TYX PAWS™: Also an industry standard, TYX’s™ PAWS development and run time 
systems have enjoyed wide use and are also supported by a user base and third parties.
Various industry-accepted programming languages, e.g. (C++, Visual Basic, etc.) – These 
languages can be considered standard although some offerings may implement proprietary 
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features/capabilities. If only the standard capabilities are used, programs developed in any of 
these should represent only moderate risk to obsolescence management.

3.4 Evolving Standards

This class of standard is standards in the making, either from a formal standards body or a 
consortium type of group. Depending on how close they are to formal release, they can 
represent a low risk to future obsolescence management. For instance, the IEEE-P1505 
Receiver-Fixture Interface, previously discussed, has been an evolving standard for some time
[8]. In fact, several companies have developed and are marketing compatible products prior to 
the standards release. Some recent changes brought about by interest and comment from the 
DoD ATS Nxtest Integrated Product Teams (IPT) (the Common Test Interface) has delayed 
formal balloting and release as comments have been examined and incorporated. However, it 
is relatively low risk for implementation of the basic framework. This evolving standard 
supports the tester of the future through vertical testability and the compatible family of 
testers concept.

LXI: This is an evolving standard from an industry consortium. It is focused on what it’s 
members believe is the next generation instrumentation control interface. It is based on the 
pervasive Ethernet interface and expands the capability to cover critical timing and
synchronization functions in test[16, &17]. This standard is also defining a set of hardware 
packaging style/options. Resource Adapter Interface (RAI) – This is a very recent initiative 
being undertaken by the Test and Diagnostic Consortium (TDC). The intent of RAI is to 
provide an interface between the station controller and the instruments. It will allow test 
programs to describe tests in terms of high-level actions, which are translated into instrument 
level commands and communicated to instruments. This will allow test programs to be 
platform, resource and hardware independent, and to provide for greater instrument 
interchangeability in ATE. The intent of this effort is to build on the previous efforts of the 
IVI Foundation [18] and IEEE’s SCC-20 to achieve the stated goals. In order to further dwell 
into this particular standard the reader may refer to the reference [17]; where in a typical 
stimulus response measurement example has been discussed based upon LXI triggering logic.

IEEE-P1552, Structured Architecture for Test Systems: This is another evolving IEEE 
standard. It has not been actively worked, but defines a new concept in ATE Architecture, that 
eliminates the expensive-to-produce wiring interconnects within a test system. It further 
defines a scalable carrier and mezzanine, modular-based instruments. A system based on this 
evolving standard would be completely scalable and plug and play from a hardware 
perspective. 

Some other evolving standards such as,

IEEE-P1505: Receiver Fixture Interface (RFI) Standard in final ballot process.

IEEE-P1505.1: Common Test Interface (CTI) Pin Map in final development.

IEEE-1149: Testability Bus Standard

can be of interest from [19].
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4. Defense Industry

4.1 Background

In the beginning, the SI architecture may appear more complicated than its traditional 
instrument counterpart largely because the general-purpose instrument has been assembled 
and optimized to achieve the desired performance and throughput. This would be correct if 
the only goal was to reproduce a single instrument. However, most ATSs have a wide range 
of different signal stimulus and measurement instruments so a new level of efficiency might 
be realized through the reduction of redundant modules. The main mission of the Department 
of Defense (DoD) is to develop a generic open system architecture for ATS [20] that will
support new test needs and permit flexible insertion of updates and new technology with 
minimum impact on existing ATS components. An example of ATS environments can be 
seen in Figure: 4.1.

Figure 4.1: ATS Environments [20]
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DoD NexTest Working Group

The mission is to leverage the investments of industry and each Service in testing technology 
towards uniform implementations within DoD. Optimize on commercial implementations and 
use of the ARI open architecture.

• Membership – Navy Chair + Army, United States Air Force (USAF), Navy, United States
   Marine Corps (USMC)
• NxTest technology goals:

1. Reduce the total cost of ownership of DoD ATS
2. Provide greater flexibility to the warfighter through Joint Services                      
    interoperable ATS

For additional information the interested reader may refer to [2, 6, 20, 21, 22, & 23]

4.2 Demands of current trends in the DoD market

The DoD architectural demands towards Synthetic Instrumentation are defined as follows

 Reduce the total cost of ownership of the ATS
 Reduce time to develop and field new or upgraded ATSs
 Provide greater flexibility between the US and coalition partners through interoperable 

ATSs
 Reduce test system logistics footprint
 Reduce the test systems physical footprint

The wide availability of instruments enabled most electronic equipment manufacturers to 
adopt automatic test system environments. Yet this global and enthusiastic implementation 
hasn’t been without its problems and they are mentioned here under:

Cost and product availability
Removal of expensive redundant hardware i.e. when analyzing the components in a rack of 
instruments it appears there is a high degree of under-utilized capability in both compute 
capacity and power supplies. The theory was that if these components could be made common 
one could reduce the size and the cost of a test system.

Long term support
Creation of a common instrument language to support forward compatibility (e.g. Standard 
Commands for Programmable Instruments (SCPI) and Interchangeable Virtual Instruments 
(IVI)).

Cost and product availability
Removal of expensive redundant hardware i.e. when analyzing the components in a rack of 
instruments it appears there is a high degree of under-utilized capability in both compute 
capacity and power supplies. The theory is that if these components could be made common 
one could reduce the size and the cost of a test system. 



18

Development expenses
Software became the largest expense of test system. Utilization of a common computer and 
software development environment would lower the price of the software, as there would be 
readily available trained software engineers to write test code.

Long-term support
Product obsolescence (e.g. not backward-compatible) forced rewrites of systems software as 
replacement products may perform measurements differently. 

4.3 Demands of DoD met

Test equipment providers, Aerospace/Defense customers and commercial electronics 
manufacturers wanted the above mentioned problems addressed. There were many proposals 
on how to best resolve these problems. NxTest was one of the key proposals [20, & 21], 
which was acted upon.

They proposed two main thrusts to drive the NxTest activities. First, define what elements in a 
test system significantly impact these costs and interoperability, and second to develop a 
generic test system architecture that would assist in achieving these goals. They wanted an 
open system architecture that would support new test needs and permit flexible insertion of 
updates and new technology with minimum impact on existing ATS components while also 
supporting broad commercial application to garner test industry support. The second purpose 
of the NxTest team was to define, develop, demonstrate and plan the implementation of these 
new and emerging test technologies into the DoD maintenance test environment.

To achieve these goals and address the challenges, emphasis is placed upon the use of 
commercial-off-the-shelf (COTS) equipment, wherever possible, within a common and shared 
technical framework. Perhaps the most important technology required to meet the goals is the 
use of synthetic instrumentation, and even the most steadfast vendors of traditional 
instruments that populate systems of the old “rack-and-stack” genre are “going synthetic.”

With these goals and challenges in mind the NxTest IPT began working in earnest with 
participants from the test industry as well as the ministries of defense from the United 
Kingdom, Spain and other countries. While their goals seemed lofty, there was enough work 
going on throughout the industry that suggested that they might be achievable if the DoD and 
industry could work together in an organized fashion. They had seen the major impact that 
“virtual instrumentation” had made in the 1980s and 1990s and they were now seeing a more 
evolved architecture under development by several test suppliers that held the promise of 
further achieving their goals. In an effort to bring some common terminology between 
industry participants they proposed that this new architecture be called “synthetic 
instrumentation.” According to the definition under development by the SIWG, synthetic 
systems are defined as: “A reconfigurable system that links a series of elemental hardware 
and software components, with standardized interfaces [23], to generate signals or make 
measurements using numeric processing techniques.”

The NxTest software architecture was introduced [21] to meet the objectives of DoD ATS  by 
providing an open systems approach to system software. The DoD has achieved success with 
recent ATE families, as evidenced by the Navy's Consolidated Automated Support System 
(CASS) and the Army's Integrated Family of Test Equipment (IFTE) programs. However, as 
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these systems age, the increased requirement for technology insertion due to instrument 
obsolescence and the demands of advanced electronics are becoming evident. Recent 
advances in test technology promise to yield reduced total ownership cost for ATE which can 
incorporate the new technology. As a consequence the open systems approach allows the 
incorporation of commercial applications in the TPS development and execution 
environments and support current advances in test technology.

Naval Air Systems Command (NAVAIR) PMA-260 is responsible for all Navy Aircraft 
support equipment, including ATS. One of the primary programs in PMA-260 is CASS. 
CASS Stations have been supporting naval avionics testing for approximately seven years. 
The long life of the program has required the implementation of major test station 
modifications due to instrument obsolescence and advanced technology of avionics (UUTs). 
Some of these modifications have been difficult to achieve due to the unique hardware and 
software interfaces in the original CASS design. Further, transporting TPSs, which were 
either developed for previous versions of CASS or were developed for other ATS, onto the 
modified stations has often required extensive effort. As a result of these modification efforts, 
PMA-260 has realized the benefit of the open systems architecture in ATS and its impact on
total ownership cost.

NAVAIR PMA-260 has been designated as the DoD ATS Executive Agents Office (EAO). 
One of the primary functions of the ATS EAO is to chair the DoD ATS Management Board
(AMB). The AMB consists of Colonel (0-6) level UUT test requirements representatives from 
each of the Services. One purpose of the AMB is to ensure that advances in ATS technology 
and processes are incorporated throughout the DoD [20, & 21]. The AMB has established 
several IPTs in order to advance technology and incorporate it in the ATS of each Service. 
These IPTs include the ATS R&D IPT (ARI), the ATS Modernization IPTs, and the TPS 
Standardization IPT. The details of the NxTest architecture, its goals and benefits have been 
discussed elaborately in Chapter-7. 

The DoD has also started several major NxTest-related programs. Possibly the most 
significant of these is the Agile Reconfigurable Global Combat Support (ARGCS) program. 
The creation of this challenging Advanced Concept Technology Demonstration (ACTD)
program was sponsored by the NxTest IPT, and authorized by the office of the secretary of 
defense. ARGCS is the first major joint services test system program in the United States. 
This program will result in a common and scalable test platform that can be used by the Air 
Force, Army, Marine Corps and Navy [4].

The ARGCS test platform will demonstrate the most scalable and reconfigurable test system 
architecture ever fielded. United States Air Force (USAF) F-15 support systems have been 
utilizing ARGCS technologies including Synthetic Instrumentation (SI), to reduce the use of 
traditional COTS instruments. This type of arrangement will highlight the potential benefits of 
SI, which include the use of nonactive (wire only) ITAs to the USAF. The details can be 
found in [6]. 

There are other ATE such as Spanish Standard Automatic Test System (SAMe), RF & 
Microwave synthetic instrument called as TRM 1000C [1, 24, & 25] are worthy to be studied 
for their concept, architecture and testing capabilities and they can be found in the references 
[9, 22, & 24], out of which TRM 1000C has been dealt in detail as a real-world example in 
this work ahead in chapter-7.
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5. Synthetic & Virtual Instrumentation

5.1 Virtual Instrumentation

The concept of Virtual Instrumentation (VI) was developed within the Interchangeable VI 
foundation [10, & 18]. It is defined as a software- defined system where software based on 
user requirements defines the functionality of generic measurement hardware i.e. it is a 
combination of hardware and software into a reusable building blocks, where the results are 
presented on a computer screen rather than on a display with the intention to create maximum 
flexibility. A virtual instrument shares many of the same functional blocks as a traditional 
standalone instrument, but differs primarily in the ability of the end user to define the core 
functionality of the instrument through software. Where a traditional instrument has vendor-
defined embedded firmware, a virtual instrument has open software defined by the user. In 
this way, the virtual instrument can be reconfigured for a variety of different tasks or 
completely redefined when an application’s needs change [4, &10]. 

The first generation of VIs differs from the traditional instruments mainly by being operated 
by computer program with a graphical user interface (GUI), rather than from a front panel. 
The second generation of VIs can be used both as standalone instruments or, which is more 
important, as reusable building blocks in virtual measurement system design, Unlike the first 
generation VI which is merely a standard instrument controlled from a GUI rather from a 
front panel the second generation combines functionality from several hardware and software 
modules. 

The reasons for using the VIs as building blocks when designing measurement systems, rather 
than traditional instruments or first generation VIs, are many. It makes it possible to combine 
the functionality of many pieces of hardware into one VI having a new functionality that 
would be difficult to realize if hardware parts were used separately. This VI can then be used 
as a building block to design virtual measurement systems that can do much more than just 
presenting the functionality of a piece of hardware on a computer screen. Those virtual 
measurement systems can then be used in an R&D lab or in production testing, communicated 
with, and connected to a network and operated remotely, for example over the internet, just as 
traditional instruments. The use of reusable building blocks gives the system a high degree of 
flexibility and they can therefore be optimized for the specific application and easily extended 
or upgraded. It will also be possible to shorten the development time of the measurement 
system, which is useful in many situations, such as test development for production testing. 
This could be a vital asset for decreasing time-to-market. Analogous, the design department 
can benefit from easier and faster measurement system design.

Using a virtual instrument system

A VI system may be used in a design or R&D lab as well as in production testing. Dependent 
on the application, the focus may shift on how the system is accessed by the user. The user 
could be accessing, for example, a test program or a standalone GUI. Note here, that the GUI 
is not in general a part of the VI system, but a user of this system.
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To support the design of systems of VIs, it is desirable that a modular sub-GUI, using for 
example ActiveX technology, is tied to each VI [10]. Then a system GUI for different systems 
can be built using these sub-GUIs [6]. This may result in one R&D system GUI and one 
production testing GUI for the same set of VIs and HW. The sub-GUIs, even though they are 
tied to the VIs should be independent components. In the design department, the VI system is 
likely to be operated from a GUI, but in production testing, the system will be operated 
remotely from a test program. The readers who are interested in desiging a VI can refer [26], 
which has described a ground work software architecture model following an example.

A VI can include traditional instruments as hardware building blocks, but usually this leads to 
a redundancy and/or limited degrees of freedom. For many applications where the 
performance requirements are modest, the different pieces of hardware that are needed in a 
system can be fitted into a PC resulting in a small, flexible and versatile measurement system.

For more demanding applications however, like Radio Frequency (RF) measurements, the 
hardware may be realized with traditional instruments in some cases, but a trend to 
miniaturization is visible also in this area. High performance solutions both in LXI and PXI 
standards have started to emerge.

Such a system will also have an increased flexibility since different parts of a traditional 
instrument will be on separate LXI modules or PXI boards that can easily be changed and 
upgraded (i.e. splitting the instrument into LXI modules and put them in a rack, or a number 
of PXI boards fitted into a PXI rack). The hardware architecture has been defined in [27] & 
software architecture will be discussed further in the work according to the discussions in 
[10]. 

5.2 Synthetic Instrument Architecture

As discussed earlier a Synthetic Instrument is a concatenation of hardware and software 
modules used in combination to emulate a traditional piece of electronic instrumentation. SIs 
built from modular components and enabled by high-speed processors and modern bus 
technologies, promise test users increased functionality and flexibility, lower total cost of 
ownership, higher speed operation, smaller physical footprint, and longer supportable life. 
One problem that both manufacturers and customers face is the lack of a common design 
standard that meets their architectural and commercial needs. 

At first glance, the general requirements for SI are similar to those of conventional rack-and-
stack instruments which can be concluded from [11]. Further enquiry will reveal the hidden 
requirements unique to synthetic architectures, thus it is worth naming the implementations 
that often come in a variety of flavours; there are many ways to build a competent instrument, 
current industry implementations are focused on generic/loosely coupled component, 
integrated COTS and DoD synthetic instruments. 
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Figure: 5.1 Synthetic Instrument architecture [7]

According to the SIWG there are four main components of an SI as shown in the Figure: 5.1 
above. The architectural analysis has been discussed in [3, &7], this simplified architectural 
block diagram can describe most microwave instruments, like signal generators, spectrum 
analyzers, frequency counters, network analyzers, etc. However, the implementation with SI 
modules of these microwave instruments may require multiple signal conditioners, frequency 
converters and data converters to emulate the function of its all-in-one instrument counterpart 
(Example: vector network analyzer).

Signal Conditioners

 These components serve to “match” the digitizer to the measurement environment. 
Depending on the measurement scenario, “matching” entails amplitude, impedance, or 
frequency scaling of the UUT to the test system. The purpose is mainly to get the input and 
output level of the desired amplitude. These signal conditioners may contain a combination of 
attenuators, filters, amplifiers, etc. ATE measurement ranges required extend from microvolts 
to kilovolts, frequencies from DC to 18 GHz and higher, and input impedances ranging from 
50 ohms to tens of mega ohms. Signal conditioning may range from a simple resistor which 
converts current into known voltage to provide for current measurements to a complex RF 
down converter capable of frequency and amplitude translation.

The signal conditioner offers a way to tailor performance of the test instrument to the actual 
need of the TPS. Attempting to create a “one size fits all” general purpose signal conditioner 
capable of replacing any classic instrument type is an extreme challenge. As an example to 
illustrate this, legacy Digital Memory Modules (DMM’s) may have ranges 0 to 1, 0 to 1.999, 
0 to 3, or 0 to 5 and input impedances ranging from 10 megohms to 10 gigaohms. Input 
impedance usually depends on the specific DMM range selected. The target ATE system may 
permit autoranging or it may force ranges. Replacing the DMM without impacting TPS means 
that the ranges, accuracies, and input impedance capabilities of the legacy instrument must be 
preserved. This means that the instrument has now been tailored to match a specific legacy 
DMM and cannot directly replace a different legacy DMM. 
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Frequency Converters  

This SI module converts a signal from one frequency to another. An up-converter may use the 
output (I/Q or IF) of an arbitrary waveform generator (AWG) and translate it to 10 GHz, 
thereby generating a radar signal. Conversely, to perform some modulation analysis of the 
same radar signal one would down-convert the 10 GHz signal to an Intermediate Frequency 
(IF) that can be sent to the input of a digitizer for analysis. Since most frequency converters 
are based on a super heterodyne architecture, the internal mixers create images and spurs. 
Care must be taken when designing these SI modules to minimize signal distortion during the 
conversion process.

Data Converters

These SI modules contain digitizers and AWGs whose core components are analog-to-digital 
converters (ADC) or digital-to-analog converters (DAC) respectfully. While their names 
describe their function, the digital data that is sent either to DAC or from ADC the next SI 
module (Numeric Processor) is what makes the synthetic instrument architecture work. As in 
[3] a typical digitizer will have one or more amplitude ranges and an analog bandwidth of 
anywhere from 10 KHz to 2 GHz or more. Resolution is inversely proportional to bandwidth 
– more bandwidth, less bits. The state of the art as of early 2005 ranges from 23 bits at 10 kHz 
to 10 bits at 2+ GHz. The choice of digitizer is driven by the trade-off between resolution, 
bandwidth, and cost. A 10 bit 2 GS/S unit may certainly be used for DC or low frequency 
measurements, but it becomes a very expensive 4.5 digit DMM. The input impedance of very 
high speed digitizers is also limited to 50 ohms only. If higher accuracy or input impedance is 
needed, a lower bandwidth digitizer must be selected or special signal conditioning must be 
added to adapt the hardware to the application.

For application such as spectrum analysis where large quantities of data must be processed in 
streaming fashion, some “on board” processing capability in the digitizer is useful. The
digitizer “on board” processing is used to pre-process and format data to reduce the load on 
the host processor and the data bus which connects the digitizer with the processor. Pre-
processing is generally not a requirement for “snapshot” measurements such as single 
waveform captures.

Data transfer between the digitizer and processor is limited by bus speed. Advertised bus 
speeds seem to be based on large file transfers. The overhead associated with file transfers can 
make the actual speed much lower than the quoted value for small (10 kB or less) data 
packages. Also, in the case of a PCI bus, there are elements inside the host computer such as 
network cards that need to share the bus as well so the full capacity of the bus is not always 
available to the synthetic instrument functionality.

Figure: 5.2 a simple block diagram of a Synthetic Measurement Unit.
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Numeric Processor 

This SI module may or may not be a stand alone device. It either generates or analyzes the 
data to/from the data converters for a specific application need. For example if one wanted to 
analyze the spurious performance of a radar transmitter the digitizer would capture from the 
frequency converters IF output and the numeric processor would perform a FFT to display the 
spectrum of the captured waveform, similar to the function of a spectrum analyzer. The 
numeric processor could be implemented in a couple of places within the digitizer, a separate 
DSP (Digital Signal Processing) engine, or the local computer.

Data Processor / Controller   

Most of us have heard of Moore’s law which was first postulated by Gordon Moore of Intel in 
1965 which describes the prediction that the processing power of computer chips will double 
approximately every 18 months. After taking some liberties, it also holds true in components, 
where there are competitive pressures. The performance of digital components, like memory, 
microprocessors, and DSPs the performance also doubles every 18 months. From a cost and 
availability perspective, the processor of choice is a Personal Computer (PC).
PC performance continues to increase and costs continuously decline. However, there are 
fundamental changes in PC design over time that can negatively impact long life cycle 
military applications.

It is necessary to interface the PC to external devices to allow it to control or communicate 
with the UUT or measurement devices. Available interfaces have changed as technology 
evolved. In the last 20 years within the PC, the ISA bus has given way to the PCI bus which 
in turn is being replaced by the PCI Express bus. Instrument interfaces designed as special 
plug in cards for the computer are difficult or impossible to upgrade due to these changes. 
Serial and parallel ports are being replaced by USB and Firewire ports. USB and Firewire 
should have a good life expectancy due to their simplicity and should be supported by COTS 
plug in CCA’s which adapt whatever bus is inside the PC to one of these standard interfaces 
[3]. 

In the last 10 years, processor speeds have increased from the 100 MHz range to nearly 4 
GHz. Hard drive sizes have increased from the 2 GB range to 400+ GB. Replacement 
components for PC’s as little as 5 years old may only be available in the secondary market, if 
at all. This evolution creates significant logistics problems for military test systems. The 
traditional military logistics chain is not designed to deal with the rapidly changing hardware 
typical in the PC world. Part numbers come and go almost faster than the maintenance 
manuals can be revised. If a COTS computer is to be used as the controller for an ATE 
station, it seems sensible to consider sparing it as a complete entity in the vent of failure rather 
than attempting to stock detail pats for repair.
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The question if an ideal SI can be designed with today’s technology has been discussed in 
detail in [21].The concept of synthetic instruments is not new but it has taken very long time 
to implement a standard which has been further discussed in [8]. It’s only been in the last 10 
years that there has been commercially available DAC/ADC that has both the dynamic range 
and the sample rate required to rival the performance of the traditional analog processing 
techniques.

The ideal synthetic instrument would not require a frequency converter or signal conditioners 
as shown in the Figure: 5.3. The input or output of the Digitizers or AWG would be connected 
directly to the UUT. Of course this is not possible as the operating condition of most UUTs 
are too varied for any one digitizer or AWG. However, examining these same operating 
conditions of the UUT will determine if or how close to the ideal synthetic instrument a 
system designer can come.

Figure 5.3 A simple architecture of an SI

The characteristics of the UUT determine the performance parameters of the data converters 
i.e. if it’s linear or nonlinear in behaviour and if known or unknown signals are being 
examined. The key issues are presented in the table below.

Wanted Signals Unknown Signals
Frequency Range Spurious Signals
Signal to Noise Ratio Distortion Products
Modulation B/W 
(time varying)

Thermal (noise)

Power Range (sensitivity) Interference (EMI)

Table: 1 The key issues for known and unknown signals

Let’s make some general assumptions about the current capabilities of a particular test 
system.

1. Frequency range – DC to 18 GHz
2. Signal to Noise – 1kW to -150 dBm Noise floor.
3. Modulation type – 500 MHz FM Chirp (Widest parameter)

Nyquist says that with two times the sample rate one can generate or reconstruct a sine wave 
of any particular frequency. However, a 2.5:1 ratio is more practical. Let’s first examine the 
power requirements. Some signal conditioning will have to take place immediately to avoid 
damaging the digitizer for the high power signals and some amplification will have to take
place if one is to examine the low noise characteristics yielding a new SI diagram shown in 
the Figure: 5.4
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Since there are hundreds to thousands of different UUT that could be tested all of which have 
a unique set of I/O characteristics many different front-end signal conditioners will be 
required. Customers currently deploy a wide array of test adapters to solve this issue. Let’s 
now focus our attention on the data converters. Assuming no sub-sampling and given the 
2.5:1 sampling rate to bandwidth ratio, an 18 GHz signal would require a 45 GSample/second 
data converter. Since the current state-of-the-art is around 40 GSa/Sec with 6-7 bits effective 
bits for an ADC and significantly lower sample rate for DAC. 

Figure: 5.4 Modified SI architecture [9]

The other two functions that are important to data converters are effective number of bits 
(ENOB) and bandwidth (1 dB or 3 dB depending on application). ENOB is defined as:
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ENOB as given in (5.1) is equivalent to the instantaneous dynamic range of making 
distortion-free measurements or to generate a clean baseband signal. For equipment used in 
microwave ATS (signal generators and spectrum analyzers) one would like to have 12-13 
ENOB for narrowband measurements 6-10 ENOB is acceptable for wideband measurements. 
Comparing these results with the requirements and needs of the ATS designer it becomes 
apparent that the current state of technology doesn’t support a single digitizer or AWG for all 
these microwave applications. This problem is exacerbated when we look at the possibility of 
using the same digitizer that is deployed in the 6½ digit DMM (23-bits) while the dynamic 
range performance is extremely good; it is a very narrowband device, making it impractical to 
connect to a microwave down-converter.

To achieve the required measurement (signal generation) dynamic range a 12-13 ENOB 
Digitizer (AWG) is needed. Since the current State-of-the-Art is < 100MHz for the digitizer 
and 500 MHz for the AWG, some kind of frequency converter is required to translate the 
signal from (to) 18 GHz. When we redraw our synthetic instrument block diagram we arrive 
back to Figure-4.2.1. Since it has also been suggested that a variety of digitizer are required in 
different applications (based on bandwidth and dynamic range) the frequency converters may 
need to include a variety of IF bandwidth outputs to accommodate these differences. For 
example: IF1 (< 10 MHz range), IF2 (10 MHz range), IF3 (100 MHz range), IF4 (1000 MHz 
range).
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LAN-Based synthetic instruments are also worth noticing from references [2, 13, and 16], 
here the reader may have a generic view point of LAN-based SI and the programming model 
that it needs in the LAN triggering and synchronization events i.e. providing the helpful 
concept of required interfaces.

5.3 Critical technology issues

Issues related to stimulus and measurement [29] get complex with the new innovations, for 
example, with respect to the SI measurement path or measurement hardware emulator, the 
signal conditioning unit must be carefully designed to scale the analog signal level to be 
measured to a dynamic range that is compatible with the functional elements (downconverter 
and Analog/Digital (A/D)) being employed in the measurement path. Also, the signal 
conditioning unit must be capable of being calibrated in-situ with the other functional 
elements in the measurement chain. 

5.3.1 Downconverter Technology

From a measurement perspective, the downconverter is probably the most critical element in 
the measurement signal path. The downconverter must be capable, via a judicious 
combination of filtering and mixing, of faithfully reproducing the baseband signal of interest. 
To achieve this objective, the downconverter block must be accurately specified and 
designed. Some of the critical specifications that must be optimized over an array of user 
UUT RF/microwave test requirements are:

 Frequency range of the RF/microwave input signal.
 Dynamic range of the RF/microwave input signal: min/max level range.
 Instantaneous input bandwidth of the signal.
 Input filtering requirements (pre-selection).
 Frequency range of the local oscillator (LO)/mixer input.
 Local oscillator tuning speed (must be compatible with UUT test time requirements).
 Intermediate frequency (IF) bandwidth flexibility: must be compatible with digitizer 

technology to be used.
 IF output level/dynamic range: must be compatible with digitizer technology to be 

used.
 Noise floor: average displayed noise.
 Signal isolation (dB).

o LO to RF. 
o LO to IF. 
o RF to IF. 

The specification of a downconverter IF bandwidth is of critical importance [4, & 29]. In 
some instances, such as capturing complex modulation formats, a wide IF bandwidth is 
required to acquire the information content in the baseband signal. The trade-off here is the 
time required for the ADC converter to process the signals of interest. In other applications 
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such as Amplitude Modulation (AM) or Frequency Modulation (FM), the frequency span of 
the signal(s) of interest are narrower and hence a narrower IF bandwidth can be used.

In many ATS applications, more than one downconverter model may have to be used to 
satisfy the broad range of frequency spectra applications to be processed. Past experience and 
“best practices” in the RF/microwave industry have taught us that there really is no such thing 
as a standard downconverter. One size does not fit all.

All downconverters are essentially married with other functional elements in a target 
system/application and have to complement and work in harmony with these elements. For 
this reason, application flexibility is a key feature that users should focus on when designing a 
downconverter, or a family of downconverters, into their target application.

This “flexibility factor” becomes most important when working in an open architecture 
environment where one vendor is not providing all of the technology required, or where all of 
the technology required may not be available from one vendor. For example, each marriage of 
a downconverter reference design may require some changes to its baseline characteristics to 
maximize system performance. As mentioned previously, this may involve modifying IF 
frequencies and/or bandwidths, gain, output power and video outputs.

Configuring a downconverter for a particular application could often require mixing and 
matching of block of circuits from a vendor's design library to satisfy the requirements of a 
particular application. In addition, multiple downconverter technologies often need to be 
employed in order to satisfy the broad-based needs often encountered in global ATS support 
programs. These technologies include:

 Block downconversion: frequency translation from one band to the next.
 Tuned-down conversion: employing a broadband local oscillator with a frequency 

resolution as low as 1-3 Hz.
 Harmonic mixing: using a fixed local oscillator and a tunable Yttrium Iron Garnet 

(YIG) filter to filter out unwanted harmonics from the RF.
 Sampling: a special form of harmonic downconversion employed in instruments such

as oscilloscopes and microwave transition analyzers.

5.3.2 ADC & DAC Technology

The analog to digital converter in the data collection path is the interface between the two 
domains: continuous analog and sampled discrete as shown in the Figure. The operating range 
of the ADC is often the limiting factor in the performance of the instrument in which it is 
embedded. Performance of the ADC is stated in terms of conversion rate; which in turn can be 
related to instantaneous bandwidth of the system, and conversion bits which are related to 
signal dynamic range. 
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Figure: 5.5 Implied Coupling between cascade units of Data Collection path [28].

The dynamic range of an ADC (the ratio between maximum signal level and (per sample) root 
mean squared (rms) quantizing noise level) is, to first order, 6 dB per bit. An easy to 
demonstrate property of a memory-less ADC is that the product of maximum sample rate and 
number of conversion levels is a constant. This relationship is shown in (5.2) where ‘b’ is the 
number of bits in the converter. Equation (5.3), a rearrangement of (5.2), shows how the 
number of bits varies inversely with the sample rate:
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Figure: 5.6 is a graphical presentation of this relationship along with a scattering of data 
points showing the conversion speed versus the number of bits claimed by a number of 
current (mid-year 2003) ADCs. The scatter points appearing above the -1 slope line shown in 
Figure: 5.6 are manufacturer’s published number of conversion bits, not effective bits, a 
number which is the true measure of performance. A useful rule of thumb is that a 10 MHz 
converter can deliver 16-bit performance and that for every doubling of the sample rate, there 
is a 1-bit (or 6 dB) reduction in dynamic range. This is the relationship that is indicated by the 
sloping line in Figure: 5.6. The y-intercept of this line is related to the aperture uncertainty of 
the sampling process, a parameter that improves very slowly with advances in semiconductor 
technology.
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Figure: 5.6   Scatter diagram showing speed-bit performance of contemporary ADCs [28]
        

A final comment on the ADCs is that the spurious terms generated by converter non-
linearities often exceed the quantizing noise levels accounted for by the -6dB per bit rule. The 
true performance measure of the ADC is the full bandwidth, full-scale spurious-free dynamic 
range (SFDR). This parameter is often limited by the bandwidth of the sample and hold 
preceding the ADC. High end ADCs may exhibit an SFDR far below the -6 dB per bit noise 
level and this reduced noise level can be realized by the processing gain of digital filters 
implemented in the signal processing segment of the data collection arm. ADCs that perform 
conversion with the aid of filtering are said to have memory. The memory exchanges excess 
sample rate for an increase in the number of conversion bits.

Because of the inverse coupling between the sample rate and the number of conversion bits, it 
is not possible for a single ADC to satisfy the dual requirements of obtaining wide dynamic 
range at low sample rate and lesser dynamic range at high sample rate. In order to satisfy the 
wide range of operating conditions, the ADC unit in the signal collection path may in fact be a 
set of ADCs from which we select the appropriate unit for the specific data collection task.
Table-2 presents a set of typical performance specifications for a suite of ADCs assigned to 
the ADC unit in the signal collection path.

Number of Bits Sample Rate SNR SFDR
8 1.5 GHz 47 dB 54 dB
12 200 MHz 65 dB 80 dB
16 1 MHz 94 dB 110 dB
20 24 kHz 112 dB 112 dB

Table-2 Performance Characteristics for a range of Analog to Digital Converter

The response processor is the DSP suite of engines composed of one or more fully 
programmable DSP chip(s), one or more high end Field Programmable Gate Array(s) 
(FPGA), and sufficient memory to buffer input data and processing instructions. Here lies the 
flexibility and programmability of the Synthetic Instrument. Classically the DSP engine 
would perform a digital version of the prototype analog-processing tasks, these tasks being 
spectral translation, filtering, detection, and post detection averaging. We can also perform the 
additional tasks- identified earlier- related to digital compensation, equalization, and 
balancing of analog components in the signal collection path. The perspective that was 
expressed and promoted is that the three units in the signal collection path are not independent 
but are a single coupled entity and we can and should use the DSP block to interact and 
influence the operations performed in the signal conditioning and the ADC units. This 
perspective is suggested in the Figure: 5.5

Also with custom versions of FPGA routing and/or DSP programming, the SI hardware has 
the power to perform real-time demodulation of a signal and to respond to the data 
accordingly. An example of FPGA routing has been discussed in the draft [30]; essentially, 
this work describes the practical introduction of software radio (to be discussed later) based 
upon a kernel hardware architecture. References [11, 12] provide the benefits of FPGA 
technology towards designing an entire system including the embedded applications.
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6. Signal Conditioning

The design of synthetic instrumentation is a signal processing game. Mostly it is digital signal 
processing, but also analog signal processing (ASP) is intimately involved. Therefore the 
discussion is carried out as signals being synthesized and signals being analyzed by the SI.

6.1 Signal analysis related to synthetic instruments

Synthetic instruments apply the flexibility and computational capabilities of a digital signal 
processing platform to synthesize a wide variety of synthetic instruments. We often must 
measure waveform characteristics containing known attributes and parameters. These 
parameters may include signal bandwidth, AM or FM modulation indices, spectral shape 
parameters, and inserted pilot levels. The task of the synthetic instrument for this class of 
signals is to verify that the waveform parameters match the selected parameter settings. On a 
related note, the same waveform may contain undesired artifacts of the signal generation 
process. These artifacts might include spectral regrowth terms, spectral harmonics, and 
digital-to-analog converter noise. The task of the test equipment is to isolate and measure the 
parameters of these artifacts to verify that they do not exceed specified acceptance criterion. 
Often, the undesired signal components and the desired components occupy overlapping 
spectral spans or the same spectral span. In this overlay scenario, the desired signal may mask 
the undesired components, preventing the successful measurement and classification of these 
artefacts [13].

6.1.1 Coding, Decoding, and Measuring the Signal Hierarchy

When it comes to the measurement of a signal the relevant aspects of signal meaning, 
modulation, or coding should be considered. As a simple example we can consider a bit error 
rate (BER) measurement. In a BER test, the stimulus may also be viewed as a signal bearing 
coded digital information. This stimulus is passed through a DUT (possibly a modem, 
possibly a communications channel, or possibly a combination of the two). The response is a 
voltage, but may also be seen as a signal bearing coded digital information. The desired 
ordinate in a BER test is bit error rate, defined as the ration of incorrect information bits in the 
response divided by total bits. Different abscissas are used, but the most typical is stimulus 
power expressed as 0/ NEb (Energy-per-bit to noise power spectral density ratio).

Clearly a BER measurement depends on the coded meaning of the signal, as the map is 
expressed in terms of bit error rations and energy per bit that only make sense to talk about 
when viewing the signal as something representing specific coded digital information. The 
distortions and random noise in that cause other measurement errors in the coded information 
may or may not be themselves visible to the measurement system. In any event, 
characterizing these low-level signal adversities is not the objective of the measurement; the 
objective is measuring errors in the coded information. It is true that distortions and random 
noise will disrupt the voltage, and in turn will disrupt the information bearing capacity of the 
signal and cause decoding errors. So, in a sense, BER measures something about the voltage 
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on a wire, but, more correctly, at a higher level, it measures something about how accurately 
information is transmitted through the DUT, independent of the underlying code. In fact, the 
attributes of the underlying coding are abscissas, measurements of the BER is an ordinate, 
orthogonal to the abscissas.

Therefore, when decoding the signal before measuring some high level aspect, the 
measurement is not affected so long as the decoding is ideal (or if not ideal, the actuality of 
the decoding is parameterized, possibly as one of the abscissas). In fact, one must decode the 
signal in order to make measurements of the higher-level data since the information sought 
only exists at the higher level. Similarly, on the stimulus side, levels of meaning are encoded 
into a sophisticated synthesized hierarchical signal.

6.1.2 Bandwidth

Different types of signals have been discussed above which were all rooted on analog 
voltages. Can any signal be analyzed or synthesized with a generic SI architecture?
The answer to this question comes down to the idea of bandwidth and information capacity. 
Nyquist, Shannon, and others have established theories that show how electrical signals have 
limited information bearing content. As a result of this limit, it is always possible to get as 
close as to extracting every last drop of information from a signal. Digital signal processing 
and communications theory texts go into these ideas in detail, so, the need to belabour them 
here has been skipped. The central point is this: these theories state given sufficient bandwidth 
and precision in a codec, it’s always possible to synthesize or analyze any given voltage 
signal, extracting all the information, regardless of how sophisticated the coding may be. The 
sampling theorem from communications theory states that it is always possible to completely 
recreate a continuous analog waveform from exact, discrete-time samples of that waveform, 
so long as the frequency of those time samples are at least twice as high as the highest 
frequency in the waveform. The various stages of signal spectrum can be noticed from Figure: 
6.1. 
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Figure: 6.1 The sampling theorem [1]

Thus if some signal is band-limited and has no energy above some frequency called its 
bandwidth (represented with a capital B), then time samples of that signal taken at a 
frequency of twice B fully characterize the signal. Another way to say this is if this codec in a 
synthetic instrument can digitize voltages fast enough, it can analyze or synthesize anything. 
Waveforms with frequency content up to B must be sampled at least at a 2B rate. The 2B 
sampling rate is often called the Nyquist rate. The Nyquist rate is the minimum sampling rate 
required to avoid aliasing, equal to twice the highest modulation frequency contained within 
the signal. In other words, the Nyquist rate is equal to the two-sided bandwidth of the signal 
(the upper and lower sidebands).

It should be noted that all practical signals have a finite bandwidth. You can always find some 
maximum frequency, B, above which the signal has negligible power with respect to any 
fixed fidelity criteria. Therefore, in a sense, the sampling theorem is a “proof” of the validity 
of synthetic instrumentation. It states a clear and easy to apply criteria of what sort of 
architecture system you need to completely handle any given real-world voltage signal. This 
criteria works particularly well with direct baseband and analog coded signals, but it applies 
to all signals in the hierarchy of possible coding, since all signals are, fundamentally, voltages 
on a wire with some nominal limit on their bandwidth.

 But the greatest strength of some of the synthetic instrument architectures that are based on 
the sampling theorem- their broad applicability to all voltage signals is at the same time their 
greatest weakness. Because in treating all signals as voltages to be digitized, a measurement 
system is focused to process far more information that really is of interest in the signal.
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For example, with digital coded signals, many sorts of measurements may not be interested in 
anything more than the low rate stream of 1’s and 0’s that are represented by the voltage. The 
output of a modem may be a TTL (Transistor-Transistor Logic) digital voltage. The signal 
may have a bandwidth in excess of 100 MHz when viewed as a signal to be Nyquist rate 
digitized in its fullest representation, but may only produce data in short packets at a low 
average rate in the KBit/s range. The detailed waveform out of the modem may not be of 
interest, but the data is. Still, in order to get this data using a Nyquist rate synthetic 
instrument, the data needs to be distilled from thousands of uninteresting samples of the 
overall waveform.

In general, whenever measurements need to be made of higher, more elaborate levels in the 
signal coding hierarchy, processing the lower levels represents overhead. When a synthetic 
instrument is designed to work at the lowest level, it becomes less efficient the more elaborate 
the coding is. If the instruments could somehow get at the higher level coding directly, it 
would be more efficient.

An obvious example of improving efficiency by going directly to the higher level of coding is 
easy to see in digital cases. Omitting or bypassing the codec of a synthetic instrument, and 
routing the digital data through conditioning and then directly into the controller, avoids the 
need to digitize the detailed waveform. The result is the bits themselves. When the bits are the 
object of the measurement, this is far more efficient.
In summary, Nyquist rate sampling is powerful idea. It works particularly well with direct 
analog and analog coded signals. But, as explained above, there are cases where it misses the 
forest for the trees, as it digitizes every “tree” when all you want is the general shape of the 
forest. Another large class of signals that are not amenable to direct Nyquist digitization is 
bandpass signals.

6.1.3 Bandpass Signals

The idea of a bandpass signal is an intellectual child of the invention of radio. In radio, 
information initially represented as a direct analog voltage signal with some low bandwidth is 
translated or modulated onto a carrier wave at some much higher frequency. This higher 
frequency carries the analog information much in the same way DC carries direct analog 
information.

This simple idea of modulation intertwines with the frequency domain in signal analysis, 
which is, in-turn, based on the theory of the Fourier series and Fourier transform. Frequency 
domain analysis is probably one of the most powerful signal processing ideas ever invented. 
The viewpoint allows us to understand bandpass signals in a rigorous mathematical way. The 
idea of modulation has a specific relevance here. In the same sort of way that the voltage on a 
wire can represent or analog some physical parameter, aspects of a carrier wave can be 
modulated to represent, in a similar analog sense, some physical parameter. There is a notable 
difference, however. With a carrier wave, it is possible to modulate two separate aspects of 
the carrier simultaneously and independently: amplitude and phase (or frequency). But other 
than that difference, the principle is identical. An example of amplitude and frequency 
modulation is given below in Figure: 6.2.
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Figure: 6.2 Amplitude and Frequency Modulation [30]

Modulated signals are often called bandpass signals because they occupy only a narrow band 
of frequency spectrum and may be passed by a resonant circuit or filter. The carrier, as 
discussed above is the high frequency wave that is modulated. The modulation on that wave is 
called the envelope.

Modulation is a basic analog signal coding technique. It is the first step up the hierarchical 
ladder for many sophisticated signals. As such, synthetic instruments are often asked to do 
measurements of the modulation, and have no particular interest in the carrier wave. When 
measuring cellular phone signals, radar signals, Global Positioning System (GPS) signals, or 
most any kind of RF signal, the carrier is not something that generally matters more than as a 
means for accessing the envelope. Therefore, a simple SI architecture may seem inefficient. It 
is normally the case that the bandwidth of the modulation is less than 10% of the carrier 
frequency. Quite often, this ratio is even smaller. Modulation bandwidths of 0.1% or smaller 
(relative to the carrier) aren’t uncommon.

If you try to use direct Nyquist digitization to acquire a bandpass signal (or synthesize one), 
you end up using a sampling rate that is more than twice the carrier frequency, even though 
the carrier is not typically of interest. This is a waste. It would be better if bandpass signals 
could be acquired more efficiently. For example, it would be better if they could be digitized 
at some rate proportional to the modulation bandwidth rather than the carrier frequency. 
Such technique is a practical possibility in fact; there are several techniques for doing exactly 
this. In a sense, all these techniques amount to the same thing. As response techniques, they 
strip away the carrier and detect only the modulation; they demodulate the signal. In a more 
general sense, these techniques represent decoding of an analog coded signal. As with any 
coded signal, there is the option of stripping away lower levels of coding if the object of the 
measurement is some aspect of the higher-level representation.
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Similarly, when applied to stimulus generation, analogous techniques generate the modulation 
first, and then encode that upon a carrier. It should be known that most techniques can be run 
either way, with some exceptions which can be found in more detail in [1]. 

6.1.4 Bandpass Sampling

Sometimes the sampling theorem is stated in such a way that we are led to think that Nyquist 
rate is some hard limit, like the speed of light. But this isn’t the case. It’s not that frequencies 
higher than half the sampling rate aren’t allowed, or aren’t possible. Rather, it’s that 
frequencies above this point are aliased down to apparently lower frequencies.

The way this aliasing happens is quite well understood and predictable. In fact, it is so 
predictable that it can be used as a method for stripping the carrier from a higher frequency 
bandpass signal, digitizing just the envelope. This method is called bandpass sampling.
Sampling is a form of multiplication of signals, and the reason the bandpass sampling 
technique works is a result of mathematical property of multiplying sine wave signals. Any 
time we multiply or “mix” two sine waves, the result will be shifting of signal frequencies 
from the original frequencies to the sum and difference. This mixing process is sometimes 
called heterodyning.

Figure: 6.3 Mixing [1]

When sampling or mixing a signal in practise, the signal is never multiplied by a pure sine 
wave. But by virtue of the idea of the Fourier series, it is possible to think of sampling as 
multiplying by the sum of a series of sine waves each at a harmonic of the sampling rate.
Figure:6.3 illustrates how this works. Start with a bandpass signal at carrier frequency Fc, with 
spectrum as shown in (A). The sampling rate is Fs and is illustrated in (B), with harmonics of 
Fs shown as impulses out at Fs multiples: Fs, 2Fs, 3Fs ….

When using the bandpass signal is sampled, it is aliased down to an apparent baseband 
spectrum as illustrated in the Figure: 6.4. The result is exactly the same bandpass spectrum, 
and the same envelope, but the carrier frequency is now much, much lower. It’s exactly as if 
the spectrum has been slid down, or shifted, in frequency.
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Figure: 6.4 Bandpass sampling example [1]

When using the bandpass sampling technique, care must be taken in the choice of sampling 
rate relative to the carrier. If, for example, you choose a different sampling rate as in (D), the 
resulting alias at baseband folds over and results in a spectrum (and envelope) that is now 
irreparably altered as shown in (E). The folding over has an interesting interpretation from a 
signal coding viewpoint. As mentioned earlier bandpass signal encodes two, independent 
analogs onto the carrier (one as carrier amplitude, one as carrier phase), whereas, a baseband 
voltage can only encode one analog (the voltage). When the bandpass sampling process shifts 
the bandpass signal down to baseband, the amplitude information, and phase information get 
folded together into the voltage waveform. To avoid this folding, you need to keep the signal 
away from DC, still keeping it on a carrier so that it can still have amplitude and phase as 
separate things.

When a mixer shifts a signal down to some lower frequency but still above DC the new 
frequency is called an intermediate frequency or IF. Given the constraint that the bandpass 
signal cannot touch DC for fear of being folded over, or cannot contain content more than half 
the sampling rate, Figure:6.5 shows graphically that the IF frequency giving the most room is 
¼ the sampling rate.
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Figure:6.5 IF at ¼ the sampling rate [1]

Once more, you see the factor of 2 represented by the duo amplitude + phase that are encoded 
into a bandpass signal. In a sense there are two channels of information multiplexed onto one 
stream of samples. Furthermore, another (perhaps simpler) way to look at it is that bandpass 
signals have double-sided bandwidth, so you need twice the sample rate relative to baseband 
single-sided bandwidth.

In practise, there may be difficulty getting codec to do this bandpass sampling magic unless a 
very high bandwidth sampler is used. Fortunately, as of the date of this writing commercial 
samplers with bandwidths up to 100 GHz are becoming available on the market. These 
devices permit the SI single architecture to digitize baseband signals up to half the continuous 
sampling rate: as of this writing up to 1-2 GHz for some devices. The same sampler can be 
used to capture bandpass signals up to the bandwidth of the sampler- 100 GHz- using 
bandpass sampling.

6.1.5 I/Q Sampling

An alternative technique to bandpass or IF sampling that can address the factor of two 
represented by amplitude and phase are so-called I/Q techniques that use two independent 
channels running in phase quadrature in order to retain both phase and amplitude information. 
This approach works even when the sampling mixes the bandpass signal down to baseband.

The mathematical underpinning for I/Q techniques is the use of a complex number to 
represent the envelope of a modulated signal. In polar coordinates, the magnitude of the 
complex number represents the amplitude of the modulation, and argument of the complex 
number represents phase modulation. In rectangular coordinates, so-called in-phase (I) and 
quadrature (Q) components express the same information on a different basis. Hence, these 
techniques are called I/Q detection, I/Q decoding, or I/Q demodulation (or modulation/coding 
for stimulus).

There is a relevant point with respect to hardware implantation of I/Q detection or modulation 
in a synthetic instrument system. An I/Q codec at baseband requires two ADC or DAC 
channels as compared to the single channel found in a simple SI instrument hardware. In that 
sense, I/Q techniques implemented in hardware would alter the generic architecture I have 
been discussing. Whether this alteration is merited, is another question. Hardware I/Q 
detection does not make the hardware more specific, but in fact makes it more general, giving 
it the capability to down-convert modulated signals direct to baseband. In that sense I/Q 
detection is in line with the spirit of generic measurement hardware. The downside is that the 
enhanced generality is paid for with increased complexity and redundancy. I/Q detection 
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require a dual-channel codec. The second channel represents a redundancy that is not present 
in IF techniques. 

Software I/Q detection is another matter. At some level, the convenience of a complex 
number representation of a signal is merited for almost any measurement involving bandpass 
signals. The mathematical processing advantages of this representation are many. For that 
reason, it is expected that DSP in the controller work with I/Q representations, perhaps 
exclusively for internal processing.

6.1.6 Broadband Periodic Signal

The bandpass sampling technique described in the last section shows how a bandpass signal at 
some high carrier frequency can have the carrier stripped off. In this way, a simple SI can 
measure bandpass signal envelopes without needing to sample at twice the frequency of the 
carrier.
But what about the broadband signals, like digital pulses, which are not modulated on a 
carrier? In modern, high-speed digital circuits, pulses with significant energy at frequencies in 
excess of 10 GHz are not uncommon. These signals are not bandpass. Their energy is spread 
across the entire wide bandwidth. Can these broadband signals be digitized without resorting 
to 20-GHz digitizers? Yes, in certain circumstances, they can.

For many years now, oscilloscopes have used time equivalent sampling techniques to capture 
waveforms with far wider bandwidth than maximum the sampling rate realized in the scope. 
These techniques require that the signal to be digitized is periodic. That is to say, the signal 
must repeat with some pulse repetition frequency (PRF). When a signal is periodic, it may be 
decomposed into a sum of sine waves at discrete frequencies all multiples of the PRF. This 
decomposition is the signal’s Fourier series. The Fourier series coefficients give the amplitude 
and phase of each harmonic. As explained previously, periodic sampling is also related to the 
Fourier series. Sampling is like multiplying by a sum of harmonics that are multiples of the 
sampling rates. Combining these two ideas, by proper choice of the sampling frequency 
relative to the PRF, a time equivalent sampler system can sample and time expand a 
broadband periodic signal. The effect is not unlike a Vernier Scale.

Time equivalent sampling preserves the shape of the waveform, but translates the speed to 
much lower rate. In that sense, time equivalent sampling is a similar process to bandpass 
sampling, which preserves the shape of the spectrum, but translates it to a much lower 
frequency carrier.

Another way to look at time equivalent sampling is as a stroboscopic technique, sampling at 
only one point in a waveform cycle, but slowly move that sample point in time so as to trace 
out the whole waveform. When thought of this way, the technique is often called a sample 
delay walk technique. The Table: 6.1 below shows the various methods that can be used with 
the different signal types.
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signal type method
Baseband  Direct Digitization
Bandpass  Bandpass Sampling/Harmonic Down-conversion

 Superhet Down-conversion
 I/Q sampling

Periodic  Time Equivalent Sampling
 Delay Walk

Table: 6.1 Techniques for different signal types 

6.2 Signal conditioning and data collection 

Synthetic instruments apply the flexibility and computational capabilities of a digital signal-
processing platform (emphasis is on the architecture, the capabilities of DSP platform and the 
user interfaces) to synthesize a wide variety. The focal point of signal collection process is the 
ADC, the element that defines the precision and the bandwidth of the sampled data 
representation of the signal processed by the DSP platform. Analog signal conditioning prior 
to the ADC performs the task of limiting the input signal bandwidth and possible translation 
of the spectral band centre [28, & 31]. Digital signal conditioning following the ADC 
continues to perform the same tasks by further limiting the bandwidth of the digitized input 
signal as well as performing spectral translation with appropriate sample rate changes. In 
addition, the post conversion process can correct gain, phase, and time delay imbalances 
between input signal paths as well as gain and phase distortion encountered in the analog 
signal path.  The task is to identify and address performance constraints of existing ADCs and 
present a number of signal processing-based options to enhance and extend the operating 
regimes of the analog signal conditioning and the ADC conversion process.

Duplicating classic measurements using SI methodology presents several challenges related to 
dynamic range, signal bandwidth, and measurement time.  To address these challenges, 
synthetic instruments can leverage the technology being developed for similar applications 
called software defined radios (SDR). 

An SDR consists of a DSP, a transmitter, a receiver and a transmission antenna. The 
transmitter and receiver convert digital data to and from modulated radio waves for wireless 
communications purposes. The DSP provides the radio functionality, via its software 
component, whereby application-specific algorithms generate or process digitally represented 
signals for transmission or reception by the SDR. The paradigm of SDR provides design 
modularity and programming flexibility to rapidly accommodate emerging communications 
protocols/modulation schemes, functions and user needs [29]. An SDR is capable of 
providing a myriad of communication functions using a common hardware platform by 
downloading the appropriate software modules required for implementation of the desired 
functions. From this perspective, a SI can be viewed as another application of the tools and 
philosophy developed for a software-defined radio. SDR techniques, such as computationally 
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efficient algorithms developed for processing the physical layer of a DSP-based 
communication system, can be directly applied to many synthetic measurement problems.

The development of hardware and software technology in the SDR community can accelerate 
the evolution of the synthetic instrument. For example, developments of high dynamic range 
and wide bandwidth analog-to-digital converters (ADC) for data collection, and 
computationally efficient algorithms are directly applicable to reduced measurement time and 
hardware costs. The succeeding paragraphs would try to explore an important technology area 
common to the SDR and synthetic instruments.

All instruments perform the tasks of probing and monitoring the response of systems under 
test. A block diagram of signal processing units common to all such systems is shown in the 
Figure: 6.6 [28]. The data collection process is composed of three main segments: analog 
signal conditioning unit, the ADC, and the signal-processing unit. The analog signal-
conditioning unit performs the various tasks of automatic gain control (AGC), analog 
filtering, and spectral conversion. The AGC process controls amplifiers and attenuators in the 
signal path to scale the analog signal level to the dynamic range of the subsequent processing 
units. The analog filtering is performed by active and passive implementations of standard 
low-pass or band-pass filters to limit the input bandwidth to the Nyquist bandwidth of the 
selected signal. The spectral conversion process uses mixers, local oscillators, and analog 
filters to isolate and translate a chosen spectral interval to the spectral span covered by the 
subsequent processing units.

Figure: 6.6 Processing units common to all test instruments [28].

Component tolerances, subsystem mismatches, path imbalances, offsets, frequency dependent 
gain, and phase variations in the analog signal-conditioning unit contribute to errors in the 
measurement process. One of the attractions of a DSP-based instrument is the ability of the 
system to monitor itself and perform appropriate auto-calibration, compensation, and 
equalization functions to achieve the targeted performance levels.
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6.2.1 DSP-Based Spectrum Analysis

Spectrum analysis of collected data is generally performed with the Fast Fourier 
Transformation (FFT) algorithm, which efficiently implements the Discrete Fourier 
Transform (DFT). High-quality spectral analysis involves more than the transform; at 
minimum, it involves windowing the input data presented to the FFT and post detection 
averaging the output data generated by the FFT. The article [13] presents a class of signal 
extraction algorithms that separates desired signal components from undesired components. 
These algorithms use deterministic signal cancelling and signal subtraction techniques to 
separate the desired and arti-fact components. The signal conditioning includes data 
windowing and extended length. This article comments on the effects of cross coupling 
between signal and noise terms on the variance of the spectral output terms, when the signal 
contains both spectral lines and additive noise.

How to generate spectrally pure signals has been demonstrated in [32]; spectrally pure signals 
are an indispensable requirement when the Signal Generator (SG) is to be used as part of a 
test bed. However, even sophisticated equipment may not comply with the needs imposed by 
certain applications. This work approaches the problem by using digital pre-distortion
technique based on a polynomial memory-less model obtained for the SG; readers interested 
in knowing the various techniques and the results obtained from digital pre-distortion 
technique may refer to this thesis work.

6.2.2 Coupled Data Collection Units

Let us consider a number of ways that the DSP segment of the data collection process can 
interact with signal conditioning and ADC units of the data collection process. This list is not 
exhaustive and is presented to demonstrate a perspective that is important to obtain high end 
system performance.

Option-1

The first example of the coupling between data collection units is the simple task of anti-alias 
filtering the input signal in the signal conditioning unit and sampling and quantizing in the 
ADC. This standard configuration is shown in Figure: 6.7



43

Figure: 6.7 Traditional signal conditioning with analog anti-alias filter [28].

Here the sample rate is chosen in accord with the engineer’s version of the Nyquist criterion 
shown in (6.1). We note that f , the filter transition bandwidth is an overhead representing 
excess bandwidth and containing a segment of the input spectrum corrupted by the spectral 
folding that occurs due to the sampling process. Traditionally, we use a high order anti-
aliasing filter to obtain a small transition bandwidth to obtain a low sample rate close to the 
often-cited Nyquist rate equal to 2-sided bandwidth. The high order filter exhibits poor group 
delay characteristics near its band edges and is the cause of an undesired signal distortion 
known as group delay distortion. This distortion corrupts time domain measurements such as 
rise time, overshoot, and pulse width. This is a common concern in communication receiver 
that is often addressed by the following.

FilterAliasAntiofBWTransitionf

fBWsidedf SAMPLE


 )1.6(2

We call upon the DSP capabilities in the response processor to assist in the anti-aliasing task. 
We select a low order analog anti-aliasing filter with its associated large transition bandwidth. 
The low order filter does not exhibit poor group delay characteristics but does require a 
significant increase in sample rate. The ADC is operated at a higher sample rate that is often 
selected to be an integer multiple of the original sample rate, replacing fs by M.fs. Operating 
the ADC at the increased sample rate is seen in the Figure: 6.8. Here we see that the sampled 
data is now subjected to a digital filter with the desired bandwidth that rejects the excess 
bandwidth collected after the analog filter. This filter, designed with linear phase response, 
does not contribute group delay distortion to the data collection process. The sample rate at 
the output of the digital anti-alias filter can now be reduced to the sample rate appropriate for 
the reduced bandwidth output signal. The M-to-1 down sampler reduces the over sampled 
data rate to the desired signal sample rate satisfying (6.1).

While we are fixing things, we can use the digital anti-alias filter to compensate for the known 
gain and phase distortion of the analog anti-aliasing filter. The digital anti-aliasing filter is 
designed to compensate for known gain and phase of the analog filter. This compensation can 
be included at design time or can be adaptively inserted during an auto-calibration cycle. An 
additional advantage accruing to the over sampling and digital anti-alias filtering option is that 
the quantizing noise inserted by the ADC process is uniformly distributed over the sample 
data spectrum. When the converter is operated at a distribution over a wider bandwidth, hence 
exhibits a reduced power spectral density. When the digital anti-alias filter rejects the excess 
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bandwidth, it also rejects the quantizing noise power in the out-of-band spectral region. 
Consequently, the output of the digital anti-alias filter exhibits a higher signal to quantizing 
noise power ratio that can achieve the spurious free dynamic range of the converter.

Figure: 6.8 DSP assisted signal conditioning with analog and digital anti-alias filters [16].

Option-2

The second example that couples the data collection units is the common task of quadrature 
downconverting a spectral band of a real input signal to obtain a complex baseband signal. 
This entails processing in the signal-conditioning unit with a pair of matched balanced mixers, 
a quadrature oscillator, and a pair of matched low-pass analog filters that feed a pair of 
matched ADCs in the ADC unit. This standard configuration is shown in Figure: 6.9. Here the 
analog filters perform the same bandwidth-limiting task they did in the baseband process of 
Option-1. These filters suffer the group delay distortion described earlier; improving the 
filtering performance is done by using low order filters with over sampled ADC.

Figure: 6.9 Traditional signal conditioning for quadrature down conversion [16].

The complex heterodyne performed by the matched pair of components present us with a new 
problem related to the resulting two-path signal set. Gain and phase imbalance between the 
two paths containing the quadrature mixers, the analog baseband filters, and the ADC is the 
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cause of cross talk between the in-phase and quadrature (I/Q) components. This in turn results 
in coupling between the positive and negative frequency components called ghosts or images. 
This spectral coupling can be described compactly by examining the model shown in Figure: 
6.10. Here the composite I/Q gain and phase imbalances have been assigned to the quadrature 
term as the amplitude and phase shift of the sinusoid component.

Figure: 6.10 Model of quadrature down conversion with gain and phase imbalance [28].

We can examine the unbalanced complex sinusoid seen in (6.2) that is presented to the mixer 
pair and compare its spectrum to that of the balanced spectrum. The complex sinusoid seen in 
the Figure: 6.10 is expanded in (6.3) to explicitly show the positive and negative frequency 
components. Equation (6.4) uses the small signal approximation to obtain a simple estimate of 
the effects of gain and phase imbalance on the positive and negative frequency components of 
the quadrature mixer signal. Figure: 6.11 present a graphical visualization of these same 
spectral components.
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Figure: 6.11 Spectral Components of unbalanced complex Sinusoid [28].

Besides the obvious coupling between the quadrature components at the same frequency due 
to phase imbalance, we see a coupling between positive and negative frequencies due to both 
amplitude and phase imbalance. To achieve an imbalance-related spectral image 60 dB below 
the desired spectral term, each imbalance term must be less than 0.1% of the desired term. It 
is difficult to maintain, over time and temperature, gain and phase balance of analog 
components to better than 1%. High performance instrumentation of quadrature 
downconverted signals imposes severe requirements on levels of I/Q balance.

We again use the computational capabilities of the processing unit to estimate and cancel the 
gain and phase mismatch during an auto-calibrate cycle and to maintain an adaptive update of 
the balance parameters during normal system operation. Examples of auto-balance algorithms 
that remove the gain and phase imbalance are shown in Figure: 6.12. Equations (6.5) and (6.6) 
describe the adaptation equations of the gain and phase balancing networks.

Figure: 6.12 Model of gain and phase mismatch in Quadrature DownConverter with block 
diagrams of algorithms that perform adaptive gain and phase balancing [28].   
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Figure: 6.13 shows a constellation plot for data collected by quadrature downconverters with 
significant gain and phase mismatch. The left hand figure and the right hand figure illustrate 
the mismatch before and after the self-balancing networks.

Figure: 6.13 Constellation points from Quadrature Down Conversion with gain and phase 
mismatch before and after self compensating gain and phase balancing networks [28].

Option-3

The third example that couples the data collection units is related to the quadrature 
downconversion of the previous option. The need to achieve extreme levels of I/Q balance 
motivates us to perform the complex conversion process in the DSP domain. This is 
accomplished by performing the final analog down conversion to an offset IF, sampling the 
real signal with a single ADC, and translating the desired spectral band to baseband with 
digital quadrature down converter. We note that the two-sided bandwidth of the real IF-
centred signal is greater than the bandwidth of the complex baseband centred version of the 
same signal. Thus after the digital complex translation and filtering operation, the sample rate 
can be reduced to reflect the reduced bandwidth obtained by rejecting the negative frequency 
image. A block diagram of this option is illustrated in Figure: 6.14
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Figure: 6.14 Block diagram of composite down conversion process: Sampling real IF signal 
followed by digital downconverter [28].

A particularly attractive centre frequency for the IF filter is the quarter sample rate. When a 
signal resides at the quarter sample rate, the argument of the digital cosine and sine terms used 
in the digital heterodyne is, as shown in (6.7), simple multiples of .2/
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The attraction of this particular angle is that the cosine and sine terms default to the trivial 
sequences {1,0,-1,0} and {0,-1,0,1} respectively. Under this condition, Figure-21 defaults to 
Figure: 6.15. 

Figure: 6.15 Block diagram of composite down conversion process: Sampling real signal on
                     IF at quarter sample rate followed by trivial digital down converter with no 
                     multiplications [28].

Here we see that the even indexed input samples, corresponding to the non-zero values of the 
cosine heterodyne, are delivered to the upper path. In a similar way, we see that the odd 
indexed input samples, corresponding to the non-zero values of the sine heterodyne, are 
delivered to the lower path. Obviously the zero valued samples cannot contribute to the output 
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of the filters hence they can be discarded. Dropping these samples reduces the input sample 
rate by a factor of two and aliases the spectral terms residing at the quarter sample rate to the 
half sample rate. The alternating signs, the remnant of the cosine and sine heterodyne, are 
now used to heterodyne the signal at the half sample rate to baseband so that they can pass 
through the baseband low pass filters. We can drop the sign reversals from the data if we put 
them in the filters, converting them from filters centred at DC to filters centred at the half 
sample rate. We further note that the 2-to-1 down sampling is equivalent to an input 
commutator as shown in Figure: 6.16

                                

Figure: 6.16 Block diagram of composite down conversion process: Sampling real signal on 
                    IF at quarter sample rate followed by commutator down sample and alias to half
                    sample rate [28].

We again observe that only the even indexed samples are delivered to the upper path to form 
the In-Phase or I component and only the odd indexed samples are delivered to the lower path 
to form the Quadrature-Phase or Q component of the complex output series. Since the two 
data sequences are actually different components of the same complex sequences, they can be 
generated by two different, matched ADCs, each operating at half the input data rate but with 
a 25% offset in their sampling clocks. This option is shown in Figure: 6.17

Figure: 6.17 Block diagram of composite down conversion process: Sampling real signal on
                    IF at quarter sample rate with two half rate, offset T/4 ADC to form complex
                    output stream [28].
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The advantage of the flow structure shown in Figure: 6.17 is that when we converted from the 
task of sampling two baseband signals by a pair of ADCs to the task of sampling a single IF 
signal with a single ADC, we were required to operate the single ADC at a higher rate. In the 
form shown in Figure: 6.17, the same two ADCs perform the same filtering task, and we 
obtain the complex output series from the same ADCs interfaced to form the single double 
rate of ADC.

6.3 Signal and Test description standard

Making use of the computing power of a modern PC creatively to combine Automated Test 
Program (ATP) design, simulation, and ATE would be a great idea to implement!
In pursuit of this, AutoTestCon02 has introduced the development of a new standard known 
as Signal & Test Description (STD), through a number of papers and presentations as 
discussed in [15, and 33]. The IEEE presented the idea of a standard which provides a
framework for a component library of Basic Signal Components (BSC), which is extendable 
to incorporate subsequently emerging technologies. 

The concept of the Signal Graph was introduced to describe complex, user defined signals, 
which can be proven through simulation and then mapped onto real hardware in a way which 
is portable and independent of hardware. The language independence of the STD standard and 
the details of the Test signal Framework (TSF) for creating custom signal components from 
the BSC are to be considered when it comes to signal designs. Signal Modelling Language 
(SML) plays a major role in the in synthesizing the signal designs using computers.

In succeeding paragraphs the discussions are related to a devised system that would enable us 
to design, simulate and implement complex stimulus signals and measurements at useful 
frequencies on a single machine (typically a PC). A similar setup and arrangement for TRM 
1000C will be discussed ahead in Chapter-7. IEEE STD has been used to ensure an 
international standard, providing flexibility, portability and a natural source for simulation, 
through the standard SML. Through a Direct & framework, equivalents for the STD Basic 
Signal Components have been implemented in a mathematically oriented language, rather 
than the functional language, and real-time streaming simulations of the signal definitions 
have been produced on an on-screen display. Using commonly available PC hardware, real-
time, real-world signals were created with genuine applications. The common languages that 
are used in the designing aspect in the current synthetic instrument world range from Visual 
Basic, Visual C++, .NET technologies, Java, LabView, to LabWindows etc. The aim of such 
a system is to meet the physical limits of the PC’s data though-put, streaming can be used to
populate digital memory devices virtually instantaneously. Some of the other current 
examples from references [3, 6, and 11] are worth noticing. The paper [6] has mentioned 
about a test executive which was developed through the extensive utilization of ATML open 
architecture which could be worth going through for a better idea towards development of a 
test and measurement system.
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6.3.1 Signal Definition & Simulation

As mentioned in [15, and 33], the basic signal components include Sine, Square, Sum, AM, 
RMS, FFT (in fact, some 60+ components). To create more complex signals, these BSCs can
be connected together through the usage of SML which connects the components and the 
links between them. The advantage of SML is that it allows the STD signal definitions to be 
easily interpreted to produce simulations of defined waveforms and measurements, hereby the 
concept of signal graphs have been introduced to take advantage of the ‘basic building block 
nature of BSCs. Figure: 6.18 shows an example of how the BSCs might be connected to form 
a more complex signal. Also shown in this figure is a simulation of the signal described in the 
signal graph, produced using the SML from the STD standard; and this gives a very good 
visual cue as to the nature of the signal that is described. SML provides the possibility of
extremely accurate simulation results, by providing full functional descriptions of each of the 
BSCs. Simulations created with SML can be used to prove a signal design and even generate 
points to populate digital memory devices, such as an arbitrary waveform generator.

This can be held as a typical example in the ADC world mentioned in the chapter above.
However, SML is not readily interpreted at a rate sufficient to meet many real-world, real-
time applications, and simulations produced using SML are effectively static.
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Figure: 6.18 A signal graph using STD Basic Components to define a suppressed carrier AM
                     Signal, along with a static simulation generated using STD SML [15].

6.3.2 Real-time simulation

Application of Streaming to Signal Graphs

Streaming presents an efficient method of dealing with complex signals, in a framework 
already similar to that defined by the STD standard, in that it connects basic building blocks 
together to create functions that are more complex. It was envisaged that real-time simulation 
of STD defined signals could be realized by levering streaming’s filter graph mechanism to 
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meet the requirements of the signal graph. Filters could be created that would perform the 
same mathematical functions as BSCs, with an additional filter being defined to render the 
signal to the PC screen in the format of, say, a digital oscilloscope.  SML provides a very 
precise functional description of how each of the BSCs behave and connect to other BSCs and 
map them onto filters; so does the streaming framework works. This will provide an efficient 
new way to synthesize each of the BSCs in real-time, in a PC environment that is available to 
anybody. It seems from [15], that the filter graph of multimedia streaming maps very nicely 
onto the signal graph of signal definition.

Implementation

After a brief period of investigation in regards to such a setup, it was decided that 
Directshow® (Microsoft’s streaming technology framework under DirectX®) already provides 
a significant proportion of the functionality that is required to implement a real-time signal 
streaming framework along with an application programming interface. So, a set of code-
classes were produced, derived from the DirectShow code-classes, to provide behavior that 
modifies and controls the streaming technology, such that it models the framework laid out by 
the STD standard. Each BSC can have a number of different inputs; Two inputs which were 
not meant to be connected with each other but were common to all filters (Sync and Gate)
were used, and the other setup was for one or more inputs that were specific to individual 
BSCs (or specific group of BSCs), but which must always be connected (for example, 
Carrier) were used. As a rule each BSC produces a single output signal, but it may be 
duplicated for connection to more than one other BSC. By contrast, filters must always have a 
pre-defined number of inputs, and usually a single output.

To achieve the BSC connection configurations in filters, it was necessary to create default 
connections for those inputs which need not be connected and make the number of output 
connections dynamic so that signals can be routed to multiple destinations. These default
connections had to be made to filters, specially created to have no effect on the behavior of 
the BSC. A special filter was also created to dynamically split the output signal, whenever 
more than one destination is specified in the signal graph. For example, the sum BSC has 
Sync, Gate and Input (0) to Input (n) inputs, so whenever the last input pin is connected to the 
Filter, another one is created, allowing the summation of more than two signals. In order to 
create source BSCs, a generic ‘signal generator’ filter was created. This, typically, acts as the 
starting point in the filter graph because, unlike the signal graph, streaming is acting on real 
digital signals; a sampling rate was to be specified for the data. To incorporate sampling rate
information, it is specified in the signal generator and is communicated down through the 
filter graph so that each filter is configured for that rate. Filters were developed to represent 
each of the STD standard’s BSCs; the mathematics behind each filter being described by the 
standard’s SML. The derived signal streaming filter classes had to be designed to handle the 
synchronization of the digital signal data as it flows through a filter graph. This is required 
because some filters require two or more synchronized signals, and there could be several 
routes that different signal streams follow before they reach such a filter. For example, a sum 
filter can only perform its function when it has received the data from all streams. To deal 
with such situations, it was necessary to add a time stamp to the data stream to enable 
synchronization of the data to be combined. This can be likened to such multimedia filters as 
video encoders, where, for example, the audio stream must coincide with the video stream to 
maintain lip-sync.
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6.3.3 Defining the Signal

Within the STD standard are a number guides for transport languages (also refer to IEE 1641 
in Chapter-3). Signal definitions can be achieved through languages such as XML or VB
(Visual Basic). There are ample examples in [1] that can be followed to have a typical idea for 
such a standard or schema. Figure: 6.19 show the same signal definition represented in XML.

Figure: 6.19 An XML representation of STD BSCs defining a suppressed
                    carrier AM signal [15].

As an extendable, generic standard, XML seemed an ideal transport language to carry the 
signal definition to our real-time simulator. It makes possible a simulation tool that is 
independent from any signal design environment, and that can be incorporated into any 
application that conforms to the STD standard and is able to parse XML being simulated 
through filters, written using code-classes derived from the DirectShow® framework. In order 
to pass the signal definition from the signal graph to the filter graph, XML generation has 
been added to the signal graph tool. Any BSCs added into the signal graph also have an entry 
in the XML generated and this is passed to the filter graph for streaming.

Realization

Figure: 6.20 shows the same signal graph as shown in Figure: 6.18, but here the BScs are
shown as the visual aspect of a real-time graphical display filter that has also been produced 



55

to fit within the Directshow® framework, and this is being used to render the simulation of
the signal.

Figure: 6.20 A signal graph using STD BSCs to define a suppressed carrier AM signal, 
                    along with a streamed real-time simulation, generated using STD SML [32]

The simulated signal changes dynamically, in response to any changes that are made to the 
signal graph. This is a significant improvement on the previous, ‘static’, simulation, in which 
the whole simulation would have to be restarted for the sake of a single change on a single 
node. This is possible because each individual node in the real-time simulation generates its 
signal independently of the, others, rather than each node’s output being calculated on the 
basis of the nodes that came before it. With a relatively small amount of effort, since an 
efficient framework has already been provided, in the form of Directshow®, it has been shown 
how it is possible to simulate STD BScs in real-time. However this scenario is limited by the 
speed of the host computer’s processor and the efficiency of its peripherals. 
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6.3.4 Real-Time Signal Synthesis

A significant difference between the original simulation (Figure: 6.18) and the streaming
simulation (Figure: 6.20) is that, in streaming, data is actually flowing between the filters (or 
BSCs) of the filter graph (streaming equivalent to the signal graph); everything is happening 
at the same time. In the original, functional SML simulation, the final output signal is 
calculated from a tree of nested nodes or BSCs in the signal graph, each requiring the 
complete output from those nodes that are up-stream of it before being able to carry out its
own calculation. In the streaming simulation, data is flowing between each of the filters at the 
same time, just as it would in real-world instruments.

In terms of a simulation for the real world, this notion of independent signal components is
certainly more like the hardware on which the signal might be implemented. By combining 
STD, XML and streaming, a solution has been reached that is getting closer to the real world, 
allowing a smooth transition from design into implementation. So far, it has been shown that, 
by mapping STD BSCs SML onto Directshow® filters, an STD signal definition may be 
streamed in real-time to, for example, a graphical display, for simulation. It has also been 
shown that it is possible to view any connection between any two nodes and see the signal 
actually passing between them.  A relatively easy approach can be implemented in ADC’s and 
few suggestions can be further referenced towards [15]. It can be concluded that STD is 
portable and through an internationally recognized standard, it can be implemented on any 
number of other devices as need necessitates.
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7. Real-world example
7.1 Universal high-speed RF Microwave test system

Introduction

Raytheon has developed a versatile test system integrating State of the Art capabilities in high 
speed RF testing, Microwave Synthetic Instrument measurement techniques, product 
interfacing, and calibrating. The RF Multi-function Test System (RFMTS) was developed to 
support a wide variety of RF test demands, targeted at radically reducing test times. Test time 
reductions were focused at moderate volume/moderate test time products as well as low 
volume high test time products. Examples of these items include: transmit/receive assemblies 
with quantities in the range of 1000/month and test time reduction targets from 30 minutes to 
10 minutes; receiver/exciter assemblies with quantities in the range of 10/month with test time 
reduction targets from 40 hours to 0.5 hours. Based upon the references [1, 24, & 25] the 
discussions will be carried further.

Background

Trends in Military product design have been towards modular, solid state RF/μ-Wave 
architectures, taking advantage of major improvements in solid state (SS) RF component 
design. e.g. radar architectures are now based on using thousands of SS TR modules packaged 
in manageable assemblies of 4 - 30 TR modules each. This shift in design architecture has 
precipitated demand for a flexible high speed, high quality RF/μ-Wave test system. In 1999, 
Raytheon embarked on a venture of developing such a system. Besides high thru put and 
versatility, the goals of the project included logistic goals that would address lowering life 
cycle costs, technical goals that would achieve high performance, and an architecture that 
would enable it to maintain technical excellence.

7.1.1 Test system goals

From a high level viewpoint, system goals fell into 2 major categories [1] – Logistical Goals 
and Technical Goals.

Logistical Goals

The main focus was to develop a system that would permit lowering life cycle costs. The goal 
translated into a common platform that could be used in a broad spectrum of applications. If 
achieved this would enable:

• Training for one system vs. many for operators, maintainers, and TPS developers.
• A modular architecture to facilitate: maintenance, fewer spares, and deal with obsolescence. 
• A spares and maintenance program for one system
• A common resource that could be shared across many programs.
• An open architecture (H/W and S/W) that would permit upgrading / longevity.
• Reduced calibration equipment and procedures that employ automated / software based tools
   whenever possible to promote increased reliability and calibration integrity.
• System self test and diagnostic tools to support troubleshooting and maintenance.
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Technical goals

Architecture was a major consideration at the core of the technical goals. The objective was to 
have a modular system based on industry standards from both a H/W and S/W viewpoint and 
minimize dependence upon proprietary designs.

RF capabilities

• The first criterion was measurement speed. Experience with heretofore high speed test   
systems achieved test times of approximately a half hour for T/R assemblies. Classical “rack 
and stack” RF test systems resulted in hours to test complex receiver/exciter assemblies. 
Goals were to reduce these times by factors from 3 to 10.

• A very close second was RF measurement performance. A fast system with marginal
performance would not meet the requirement of a wide range of application. The system had 
to have measurement performance capability similar to that of typical COTS test 
instrumentation.

• To be applicable to a broad spectrum of application, the system needed to have an extensive 
measurement suite.

• In the RF world, having an instrument with good performance capability at it’s I/O is only 
half the solution. Being able to easily extend the performance to the product I/O was a prime 
consideration. Hence having flexible calibration options was high on the list of priorities.

7.1.2 Implementation approach

System Architecture

Figure: 7.1 depict the final system block diagram. The blend of a Synthetic μ-Wave 
Instrument (the Aeroflex TRM 1000C), and a custom designed 3rd bay (RF switch matrix, 
DUT Interface Assembly, and auxiliary COTS equipment) by Raytheon provided a solution 
that would meet the desired H/W goals [1]. The “generic” S/W goals were achieved by taking 
advantage of the TRM1000C industry standard LabWindows CVI “VXI Plug & Play” type 
drivers and LabWindows CVI compatible GPIB instrumentation in the Raytheon designed 3rd 
Bay [24, & 25].
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Figure: 7.1 RFMTS Block Diagram [24, & 25]

7.1.3 Microwave Synthetic Instrument (TRM1000C)

As an industry, the test and measurement suppliers are being challenged to supply flexible, 
scalable test & measurement solutions that meet the ever evolving requirements of flexibility 
and production throughput. Progressive companies like Aeroflex and Raytheon are investing 
and attempting to introduce efficient testers into the test and measurement industry in order to 
meet these industry challenges. Different instruments, in many cases, have similar internal 
functions (i.e. DSP, DAC, Filters, oscillators, attenuators, etc.). Referring to, consider 
eliminating the redundancy that is inherent of rack-n-stack systems and modularize the test 
system around a set of “functional modules” that are functionally similar to each redundant 
component of the bench top instrument. In addition add the functionality to “synthesize” the 
measurement capabilities of these bench top instruments to this one set of functional modules. 
What you then have is a single system capable of performing a variety of Microwave, RF and 
digital measurements replacing multiple instruments.

Aeroflex manufactures a series of re-configurable production instruments. This series is called 
the TRM1000C and a block diagram is shown in Figure: 7.2. The TRM1000C is designed to 
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provide reconfigurable high speed production test equipment for supporting a variety of 
different microwave devices such as amplifiers, transmit and receive (T/R) modules, 
frequency translation devices, receivers, local oscillators, phase shifters, and/or any 
combination of the above active multi-port devices. 

Figure: 7.2 Microwave Synthetic Measurement Instrument Functional Diagram [1, & 24]

The TRM1000C is designed to dramatically improve module test times and reduce 
measurement errors introduced by the operator, test hardware, and/or DUT interface. It is
ideally suited for production test applications where throughput and flexibility are paramount.
Through its synthetic design, the TRM1000C’s hardware can be software configured to 
support the majority of RF & microwave production tests. The TRM1000C hardware 
architecture is based on advanced synthetic instrument concepts. Through the use of this 
flexible design, the TRM1000C replaces several microwave test instruments including: a 
pulsed power meter, a frequency counter, multiple sources, a spectrum analyzer, a vector 
network analyzer, a noise figure meter and a pattern generator, etc... A standard TRM1000C 
includes complex stimulus generation including pulsed modulation, AM, FM, Phase 
Modulation, and a fast response measurement channel. Since the system is modular in design 
and easily reconfigurable, the system can be reused for different programs and applications, 
therefore maximizing return on investment (ROI).
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TRM1000C Description [24, & 25]

Control and Data Acquisition

Un-interruptible Power Supply
In the event of utility power loss, provides 
short term power back-up to permit 
graceful system shutdown and saving of 
critical data.

1) Thirteen Slot VXI Chassis RF Subsystem

2) VXI Slot Zero Controller (COTS)
     a) Firm Ware Control Software
         i) Low level system control
         ii) Higher level DSP
     b) Script Control Software
          i) High speed measurement
             execution          
     c) High Volume Data Storage
     d) Communicates to the host computer

1) Up-Converter & LO Distribution
    a) Up Converter LO
        i) Generates all the fixed, band-
            switched, and tuneable LO’s for the
            up converter subsystems. 
     b) Up Converter IF
          i) Performs the first stages of 
             conversion up to a fixed IF of 3.5
             GHz. Includes amplitude control,
             pulse gating, and sideband control
             circuitry.

      c) Up Converter RF
           i) Performs the final stages of up 
              conversion to the final RF -
              frequency.
           ii) Final Amplifier Stage
          iii) Harmonic Filter Bank

(1) Implemented on Harmonic
      and Spurii testing only.

3) VXI Digital Receiver (COTS)
     a) Digitizes the fixed IF output from the
         Down-Converter    
     b) Performs low level DSP
     c) FFT
     d) Digital filtering
     e) Windowing

2) Down-Converter & LO Distribution
    a) Down Converter RF
        i) Converts frequencies > 1 GHz to a 
            fixed 2.5 GHz IF
        ii) Frequency less then or equal to 1 
            GHz is passed directly to the Down
            Converter IF.
     b) Down Converter IF
         i) Final down conversion from a
            fixed 2.5 GHz IF.
         ii) Supports RF inputs below 1 GHz
         iii) Includes amplitude control, pulse 
              gating, and sideband control.
     c) Down Converter LO
         i) Generates all the fixed, band-  
            switched, and tunable LO’s for the 
            down converter subsystems.
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4) VXI RF Controller
     a) Used to synchronize the RF and 
         digital subsystems
     b) Synchronized gates signals
          i) Up-Converter
         ii) Down-Converter
        iii) DUT Control Module
        iv) DUT
     c) Provides a Remote Control Bus 
        (RCB) to external  modules
         i) External Switch Matrix

3) System Local Oscillators (Aeroflex 
     FS1000)
    a) Two independent Local Oscillators
       i) One for the Up-Converter
       ii) One for the Down-Converter
     b) Frequency Range: 0.5 GHz to 1 GHz
     c) Phase locks to an external source
     d) 100 μs frequency switching

5) VXI Static Digital Card (COTS)
    a) Provides 128 Static I/O

4) Five & Ten Megahertz Frequency 
    Distribution Unit    
    a) 10 MHz Rubidium Standard
    b) 10 MHz Spare Output
    c) Two 5 MHz Sources
        i) Derived from the 10 MHz reference

6) VXI DUT Control Module
    a) Used to communicate with the DUT
    b) Generic Digital Pattern Generator
    c) LVDS interface
    d) Customizable Personality Module
        i) 32 Channel Dynamic Digital I/O
        ii) up to 50 MHz

5) Optional Amplifier Bank
    a) Application Specific
    b) Supplies frequency-banded power.
    c) Provides capability to insert an
        additional power amplifier.
        i) Switched external loop.
    d) Provides DC power to optional   
        external amplifier.

7) Eight Port Ethernet HUB
    a) Used to communicate to the host  
        computer.
    b) Link multiple systems

6) RF Power Supply
    a) Supplies Power to all RF sub systems

Peripherals
1) Host Computer
    a) Communicates to the system via   
        Ethernet
    b) Test Executive Control Software
2) Laser Printer
3) Barcode Reader

Primary Calibrated Line Replaceable 
Unites (LRU)
1) Local Calibration Unit (LCU)
    a) Used to calibrate to the Power 
        Reference Plane Origin (PRPO) 
        Automatically 123
    b) Provides signal Loop-back from the 
        stimulus to the response for System 
        Functional Test
    c) S-Parameter Test Set
    d) Provide signal routing, switching and 
       signal conditioning
2) GPIB Power Meter & Sensor (COTS)
    a) Used for system calibration to set the
        PRPO   
3) Noise Source (COTS)
    a) Used for Noise Factor Measurements 
         (Y-Factor)
4) 3.5 mm Calibration Kit
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    a) Used to Calibrate the Vector 
        Reference Plane Origin (VRPO) and 
        Extended Reference Plane (ERP)
5) 3.5 mm plug/play THRU
     a) Used to Calibrate the VRPO
6) 10MHz Rubidium Standard

Linear Power Supplies (COTS)

These are user selectable to fit the application.

Supplemental Resources

For testing the more complex RF products (Receiver/Exciter elements, frequency translation 
devices, etc.) additional resources are required. These instruments do not need to be inside the 
high speed loops of the SI and therefore do not interfere with measurement speeds. The 
supplemental test instrument resources include 3 RF sources, an oscilloscope, Digital 
Multimeter, and power meter (for trouble shooting purposes). These instruments and an RF 
switch matrix / DUT interface were incorporated into Raytheon designed 3rd Bay to 
compliment the TRM1000C.

Test System / DUT Interface

For the RFMTS to meet the goals of a broad application for a variety of RF products, means 
of easily being able to interface the test resources to these products had to be developed. i.e. a 
rugged, versatile, high performance, and easy to use interface had to be developed. In 
addition, it was decided to include a high performance RF switch matrix as part of this 
assembly. The predominant focus was on maintaining RF performance, but high speed digital, 
static digital, analog, and DC power needed to be accommodated as well. The reason for the 
decision to incorporate the high performance RF switch into the test system was to permit
simple / low cost interface adapters. The chosen solution integrates a high performance RF 
switch matrix and a Virginia Panel interface assembly to achieve the desired results. The 
solution is shown in Figure: 7.3.
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Figure: 7.3 RFMTS System- Test Adapter Receiver Interface- “Typical” Test Adapter [24]

RF Switch / Interface Assembly features include:

1) High performance RF switch and signal interconnect ability
    a) 2 million cycle electromechanical switch for reliability

2) “Ruggedness” to take years of factory usage

3) Features to permit rapid change from product to product

4) Capability to support other required technical resources: high speed digital; static digital;
     DC power; and analog.

5) Expansion matrix for the Synthetic Instrument:

6) RF signal distribution matrix for the 3 RF Signal sources in the AUX Bay.

7) Capability to switch an RF Amplifier into the RF Signal path.
    a) The amplifiers and RF Signal paths can be interchanged.
    b) A switch filter used to improve spectral purity across a broad frequency band.

8) Couplers are utilized at strategic points for system diagnostics.

9) RF stimulus loop-back capability
    a) Any RF Source can be routed directly into the TRM1000C response port.
        i) Supports system diagnostics by permitting verification of stimulus without an ITA
        ii) Expands the number of response channels.
        iii) Provides method for performing isolation testing
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10) RF Switch Assembly is an integral part of the Receiver Interface Assembly.
      a) Provides direct connectivity between the RF Switch Assembly and the ITA.   
          i) Significantly reduces coax lengths from resources to DUTs
          ii) Fewer connections equates to better signal integrity at the DUT.
      b) Provides the connecting path from the station digital, DC power, and analog resources
           to the ITA Receiver interface
      c) Eliminates the need for “service loops” in the cabling to allow for system maintenance.

7.1.4 Product test adapter solutions

Some of the products to be tested on the RFMTS were known to be large assemblies. This 
was the reason so much time has been spent on developing calibration schemes that could be 
extended out several levels and why so much effort has been spent on providing a rugged high 
performance interface. Figure: 7.3 depict both the interface and a typical adapter. To simplify 
this section a brief description of the types of interface assemblies will be described:

 Simple Direct Attachment ITA: For smaller products, a single piece ITA attaches 
directly to the front of the station and the product plugs directly into the ITA.

 Cable Connection ITA for Large DUTs: The RFMTS has been used for testing RF 
cabinets. In this case, the ITA is simply a box with circular connectors on the

            front, which interface to the RF cabinet via associate cables.
 2 Piece ITAs for medium size DUTs: In cases where the DUT is too large to be 

supported by the station, the ITA consists of a cable interface box and a cart which 
holds the balance of DUT interface needs. In some cases, even a small anechoic

      chamber is mounted on the same cart that holds the DUT.
  

This approach has permitted using the system on virtually any size RF product and 
accommodates other relatively unique facilities items to support the test such as pneumatics,
hydraulics, liquid cooling, etc., as required. The paper [6] has also described test adapter 
design for F-15 ATE which is worth having a look here along with [15].

7.1.5 Calibration schemes

The RFMTS is designed to collect measurement data for a specific set of DUTs. By the nature 
of the RF measurement process, raw data collected by the instrument contains characteristics 
of both the DUT and the test system hardware (instrument, switch interface, DUT adapter, 
etc.). To extract only the characteristics of the DUT, the system must compensate for its own 
contribution to the measurement data. The process for characterizing the system’s 
contribution is generically termed “calibration”. Calibration therefore becomes an essential 
integral part of performing measurements. Calibration procedures are dependent on the 
application, type of measurement, and measurement method. Therefore the RFMTS 
calibration design must provide flexibility to allow for different application needs. The 
measurements must also be NIST traceable, therefore NIST traceable transfer standards are
needed to calibrate the system. RFMTS calibration is divided into two categories; Primary 
Calibration, and Operational Calibration.

Primary Calibration: The TRM1000C utilizes the modular, Line Replaceable Unit (LRU) 
methodology as part of the system. These LRUs are calibrated at a standard metrology 
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calibration lab and are an integral part of the system. The majority of the LRUs are COTS 
NIST traceable standards. The production floor can have spares available to remove and 
replace minimizing system down time when performing periodic maintenance. The LRUs 
also eliminate the need of external on site support equipment; therefore the user does not need 
to bring external equipment up to the system. A list of Primary Calibrated LRUs is as follows:

1) Power Meter
2) Power Sensor Calibration Factor (CAL Factor)
3) Noise Source Excess Noise Ratio (ENR)
4) 10 MHz Rubidium Standard
5) 3.5mm Calibration Kit (S-Parameters)

Operational Calibration: This is an application specific procedure and uses the system’s 
LRUs to transfer its NIST traceability to the system. Refer to Figure: 7.4 for a
typical multi-tier application for high volume, multi-device, production environment where 
the measurement system is at or near the DUT. This calibration can handle a number of
different multi-port devices and any number of DUT interfaces. The DUT interfaces can be as 
simple as NIST traceable coaxial connectors (3.5mm), non-NIST traceable coaxial 
connectors, standard and non-standard wave guide, and can also support wafer probing.

1st Tier: Setting the Reference Plane Origin (RPO) at the LCU forward and reverse ports. 
Setting the RPO is divided into two parts; Power Reference Plane Origin (PRPO),
Vector Reference Plane Origin (VRPO).

1) PRPO: The PRPO represents setting stimulus power at the forward and reverse ports,
     measuring response power at the reverse port, setting the ENR at the forward port, and
     measuring the system NF at the reverse port. This is a fully automated procedure
     utilizing the LCU, power meter combination, noise source combination. If optimum 
     power performance is needed an external power meter can be used to calibrate the 
     PRPO.

2)  VRPO: The VRPO is used to measure 12-term error corrected S-Parameters. This is
      accomplished with the 3.5 mm calibration kit and 3.5 mm THRU. The procedure is    
      the well known Open, Short, Load, THRU (OSLT) technique using the Open and 
      Short capacitive/inductive coefficients, Open and Short offset delay and THRU S-
      Parameters to generate the 12-Term Error Adapter.
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Figure: 7.4 Multi-tier calibration block diagram [24]

2nd Tier: Using the VRPO, the second tier, known as the Extended Reference Plane 
(ERP), can be characterized using a few calibration techniques such as Open, Short,
Load, Reciprocal (OSLR), or THRU, Reflect, Line (TRL). These two procedures generate the 
S-Parameters of each path. TRL is used primarily in wafer probing and in general provides 
the optimum performance (corrected directivity) however it requires the use of a THRU and 
therefore does not lend itself well to high port count devices. The OSLR technique requires no 
THRUs but requires three known standards.

3rd Tier: If needed a third Tier, known as Reference Plane Extension (RPE), can be 
implemented by loading the S-Parameters of the third tier. An example of where RPE would 
be used is for non NIST traceable interfaces where the fixture would require modeling or 
metrology type fixture characterization. By implementing this multi-tier calibration the user 
can easily extend the reference plane out to the DUT (de-embed) minimizing and simplifying 
the calibration. The first tier calibration may only take seconds to perform and can be used to 
minimize system errors due to temperature and time variations.
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8 Real-world software solutions

Synthetic instrument is a discipline that is a subset of ’Virtual Instrumentation’ that combines 
modular hardware such as upconverters, downconverters, digitizers and high-speed I/O with a 
software platform to create user-defined test and measurement systems. Using a software-
based approach with general-purpose hardware, synthetic instrumentation thereby provides 
ATE engineers and scientists with the flexibility to emulate multiple traditional instruments 
and add new functionality over time to support future needs and technologies. Here in this 
section two software solutions were deducted for analysis i.e. TRM 1000C and NxTest. 
However there are other software solutions for the different ATEs mentioned in found in [4, 
6, 8, 9, & 22]. As mentioned before that this thesis work would limit itself to TRM 1000C as 
its real-world example. The succeeding chapters will be dealt with the software solution 
trends in the DoD and commercial industry.

8.1 Software solutions for TRM 1000 C

Tools for reliable, consistent calibration, maintenance and diagnostics are essential for the 
success of any test system and that could not be truer with a Synthetic Instrument based 
system such as the RFMTS in regards to software solutions for calibration and diagnostics.

TRM 1000C maintenance console 

As described in [24, & 25] the basic tool used to perform calibrations and general
troubleshooting of the RFMTS is the TRM1000 Maintenance Console. The Maintenance 
Console, which is provided as part of the TRM1000 Microwave Virtual Instrument, provides 
a comprehensive set of GUI’s for performing a wide variety of basic calibration and
troubleshooting tasks. The Maintenance Console also includes panels for performing basic RF 
measurements including Network Analyzer, Spectrum Analyzer, Power Meter, and Source 
Control functions, in addition to its calibration and diagnostic routines. The GUI for
Operational / Primary Power calibration of the RFMTS is illustrated in Figure: 8.1. For 
performing an S-Parameter OSLT reciprocal
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Figure: 8.1 Maintenance console power calibration [24]

calibration at the LCU or a reflection calibration (OSL) to extend the reference plane through 
the RFMTS multiplexer, the Maintenance Console provides the GUI as seen in figure 8.
Overall, performing the Primary Calibration from the Maintenance Console is acceptable as it 
is performed infrequently although there is a lot of manual intervention required to evaluate 
the integrity of the calibration by performing a series of measurements to “spot check” across
the frequency band. However, the Operational (Tier 1 and Tier 2) calibrations are performed 
on a daily basis and another means of performing these calibrations to remove the possibility 
of operator error and better ensure the reliability of the calibration is much more desirable. In
addition, performing a Mux level calibration on a DUT with multiple ports is a very tedious 
and error prone process. Developing an automated approach to assist with the calibration as 
well as verify its integrity has proven to be extremely valuable. The potential of an invalid 
calibration which would result in failing good product or passing bad product is an 
unacceptable alternative when testing military hardware. Another key feature of the 
Maintenance Console essential for troubleshooting system problems is a GUI called the
composite System Functional Test (SFT) which performs an end to end measurement through 
the various measurement paths within the RFMTS and displays the results graphically for 
evaluation. The SFT GUI can be seen in Figure: 8.2. The SFT in the hands of a 
knowledgeable engineer can be used to diagnose a variety of problems within the RFMTS.
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Figure: 8.2 Maintenance console composite SFT GUI [24]

However, this requires an engineer to be on hand to perform the troubleshooting. This is not 
always practical as the RFMTS is frequently used on a 24/7 basis and engineering support is 
not always available. Providing the engineering knowledge via S/W tools to analyze the SFT 
output and do “first line” troubleshooting may be the difference between the system being 
down for a few hours or for the entire weekend until a competent engineer becomes available. 
In a manufacturing environment getting the station back online as soon as possible is essential 
and any troubleshooting tools to assist along those lines are always welcome. A more suitable 
approach would be to take the concepts and functionality of these basic raw tools provided by 
the maintenance console and makes them accessible to manufacturing test support personnel 
via providing a more automated approach to calibration and diagnostics. Since the 
Maintenance Console is distributed in executable form it is not inherently suitable for 
developing automated calibration or diagnostics routines. Therefore supplemental software 
providing equivalent functionality more suitable for automation needed to be developed.

8.1.1 An Automated Approach to Calibration/Diagnostics

The software architecture developed for the Radio Frequency Mobile Telecommunication 
Standards (RFMTS) by Raytheon to generate automated test programs sets uses the idea of a 
test procedure. The Test Procedure concept simply translates typical measurement scenarios 
into a GUI screen where the required test parameters can be entered graphically. Figure: 8.3 
depicts a typical screen for performing S-Parameter measurements. The TPS designer simply 
enters the associated parameters via the GUI for each test he develops. The test procedure at 
run-time can either be selected to display or not display the graphical panel by turning on the 
“Debug Flag” accessible from the test executive. With the “Debug Flag” on, the test
procedure will display its GUI and allow manual execution of the test procedure for 
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troubleshooting or it can be run without displaying its panel by turning off the “Debug Flag”
for hands-free operation. Initially, test procedures were developed for all of the basic 
measurement types supported by the RFMTS including but not limited to: S-Parameters 
(shown in Figure: 8.3), Peak Power, Noise Figure, Harmonics, Spurs, etc. In some cases 
multiple test procedures are sequenced together to implement a specific test routine. This is 
done through the test executive. A primary objective of the Test

Figure: 8.3 S-Parameter test procedure [24]

Procedure approach is to maximize re-use and provide cost effective TPSs in a timely manner. 
The approach has proven to be very effective. This approach permits the TPS designers to 
concentrate on the technical aspects of the DUT and the test scenarios. The test procedure 
concept was logically extended to support the various functions required in the development 
of automated calibration and diagnostics. The first utilization of this approach was for 
developing an automated tool for maintenance of the test system – an automated self-test for 
the RFMTS. This consisted of looping back the various paths within the test system using
a specially designed self-test adapter. This, as we found, is only the first step in providing a 
complete troubleshooting tool for the RFMTS. In a traditional test system, a failure in one of 
the loop-back paths would immediately narrow the search for a failed component down to the 
source instrument, measurement instrument, or the path in question. In the case of a synthetic 
instrument, the source subsystem and measurement subsystem each consist of a handful of 
black boxes and the measurement path is often buried, at least in part, within the bowels of the 
synthetic instrument. The further supports the need for automated diagnostics.
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Figure: 8.4 RFMTS Test procedures to automate the power calibration [24]

Figure: 8.5 RFMTS Test procedures to automate the SFT [24]

Figure: 8.4 and Figure: 8.5 show the test procedures developed to support automating the 
power calibration and composite SFT functions. Through the use of these test procedures, test 
sequences have been developed to automated the power calibration and subsequently perform 
verification measurements to verify the calibration integrity. Test sequences have also been 
developed to perform a composite SFT and various other types of diagnostics and analyze the 
results to determine if the system is operating correctly and perform basic troubleshooting 
analysis. The test procedure approach has also been used to automate calibrations on the 
RFMTS. The advantage of automating the calibration rather than using the maintenance 
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console approach is that it greatly diminishes the potential for operator error and can also be 
used to verify the calibration integrity in the process. The calibration routine does more than 
the mechanics of just performing the calibration. After performing a calibration on a given 
test port through the test adapter, the calibration can then be applied and measurement could 
be performed to validate the calibration on that port. 

This helps to eliminate potential problems such as installing the wrong calibration standard, 
the standard not being properly torqued down, or placing the standard on the incorrect port. 
This approach significantly reduces lost time and expense by minimizing false failures.

8.2 NxTest software architecture

The ARI has been tasked to define an environment for test, based on open system principles, 
that supports ATS convergence and ATS modernization. In meeting these objectives, the ARI 
has defined approximately 20 key elements [21] required to achieve ATS EAO goals. These 
elements are identified in the ATS Annex of the DoD Joint Technical Architecture (JTA) [14] 
and the ATS acquisition guide. The following is a list of the key elements.

 Adapter Functional & Parametric 
Information 

 Built In Test Data
 Computer to External Environment
 Diagnostic Data
 Diagnostic Services
 Instrument Driver
 Digital Test Format
 System Framework
 Instrument Communication 

Manager
 Instrument Functional and 

Parametric Information

 Maintenance and Test Data
 Multimedia Formats
 Data Networking
 Product Design Data
 Resource Adapter Interface
 Receiver/Fixture Interface
 Resource Manager Services
 Run Time Services
 Switch Functional & Parametric 

Information
 Switching Matrix
 Test Program Documentation

Due to the successful coordination of DoD activities through the AMB, NAVAIR PMA-260 
realized that rather than just enhancing CASS from a Navy perspective, it was necessary to 
define an ATS at the DoD level. To this end, PMA-260 presented their ideas regarding 
NxTest to the AMB. All of the Service representatives have agreed to participate in the
definition of NxTest.
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8.2.1 Software architecture goals

Several goals have been identified for the NxTest software architecture. These goals will be 
briefly described in this section based upon the references [21, 14, & 22]. The following 
sections will describe the expected benefits from NxTest and the components that will be 
utilized to achieve the goals of NxTest.

One goal for the NxTest software architecture is to incorporate an open systems approach. 
The achievement of this goal will allow NxTest the maximum flexibility in terms of 
interfacing with hardware and software components. This will allow for the same software 
tools, hardware, and test programs to be hosted on versions of NxTest which are specialized 
for different applications. It will also allow for hardware and software reconfiguration of 
individual NxTest stations with minimal impact to system software. The focus for an open 
systems approach will be the key elements defined by the ARI. The ARI has defined an 
environment for test and continues to identify, and define as appropriate, key elements for this 
environment. For the most part, these elements are satisfied by industry standards, with DoD 
solutions only used as bridges until commercial alternatives are identified. In addition to the 
key elements identified by the ARI, NxTest will also incorporate industry standards and tools 
as necessary. Such standards relate to components of ATS which were not addressed by the 
ARI, such as database and programming languages and compilers. However, a litmus test for 
all standards and tools will be their ability to support the open systems approach which is 
paramount to the NxTest software architecture. 

Another major goal of the NxTest software architecture is to provide a means to support 
synthetic instrumentation. From a hardware perspective, synthetic instrumentation is a
primary advantage of NxTest over the current generation of ATS. Synthetic instrumentation 
in NxTest will allow for some instrument capabilities to be provided without the use of 
traditional rack & stack hardware. This will provide many benefits to NxTest, specifically in 
the areas of increased flexibility, decreased costs, and decreased size. The achievement of 
synthetic instrumentation is both a hardware and software challenge since this technology is 
just recently being studied and prototyped. There are two aspects of synthetic instrumentation 
that are software intensive. First of all, a significant amount of software is required in order to 
determine how low-level components (e.g. analog to digital converters) may be combined to 
provide the desired capability. Secondly, an interface to the test program execution
component needs to be defined to allow for the application of the open systems approach to 
the synthetic instrument arena.

A third major goal is to define and implement a common software environment with wide 
application across the DoD and industry. To some extent, this goal is related to the goal of 
utilizing an open systems approach in NxTest. However, this goal goes beyond the open 
systems approach since it also involves defining the requirements for high level software
entities (e.g. test executives and test program development environments) so that new 
program development methods may be employed, and programs and data may be shared 
across ATS. In addition to cooperation from the Services, achieving this goal requires 
working with ATS users in industry to ensure commonality of test and diagnostics
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environments between DoD and various industries. The DoD will work with both supplier 
and user organizations from industry in this regard. 

A fourth goal involves transitioning from legacy ATS to NxTest. An enormous investment 
has been made by each of the Services in terms of ATE, interconnect devices, and test 
programs. This investment must be protected to the greatest extent possible in order for 
NxTest to be feasible. From a software perspective, the re-hosting of legacy TPSs is of 
primary concern. The NxTest software architecture must include a means for either executing
legacy test programs or providing a capability to translate legacy test programs for NxTest. In 
addition, the NxTest software team will investigate commercial tools to enhance the test 
program development and maintenance environment. As a by-product of satisfying this goal, 
test programs developed for NxTest by different services should be interoperable with the 
particular NxTest stations owned by each service. Further, this TPS transportability feature 
should be extended to industry versions of NxTest [21]. 

Finally, a goal of NxTest is that it provides support for integrated diagnostics as defined in the 
Open Systems Architecture Integrated Diagnostics Demonstration (OSA IDD) Roadmap. This 
roadmap was developed by a joint DoD / industry team. The roadmap is a comprehensive 
plan for how integrated diagnostics may be utilized across a system's lifecycle, as well as 
techniques and tools which are required to ensure that the greatest advantage of integrated 
diagnostics is realized. Several aspects of the roadmap apply to ATS, including transfer of 
Built in Test (BIT) data from UUTs to ATS, use of Product Design Data (PDD) between the 
design environment and the test environment, and transfer of test results to maintenance data 
analysis systems.

8.2.2 Benefits of NxTest software architecture

The achievement of the NxTest software architecture goals identified in the previous section 
will provide several benefits to individual services, the DoD in general, and to industry (to the 
extent that NxTest is adopted by commercial ATS users). These benefits from [21] include the 
following:

 Increased hardware and software flexibility (reduces risk of instrument and software 
obsolescence).

 Realization of synthetic instruments.
 Incorporation of commercial software tools without dependence on particular tools.
 Reuse of architecture across services, and potentially industry.
 Ability to create versions which meet particular requirements (e.g. portable versions, 

DoD O-level and I-level testers) and are consistent with each other.
 Efficient use of information across components and lifecycle phases.
 Reduced TPS development and maintenance costs.
 Reduced TPS re-host costs
 Reduced ATE software maintenance costs
 Graceful transition from legacy ATSs
 Reduced training costs for TPS developers, ATE operators, and ATE maintainers 

(since a consistent approach across Services and potentially industry)
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8.2.3 Components of NxTest system software

The NxTest software design team has identified four main components of the NxTest system 
software. These components are: 

 The System Software Development Environment (SSDE)
 The Test Program Development Environment  (TPDE)
 The Test and Data Transfer Environment (TDTE)&
 The Test Execution Environment (TEE). 

Figure: 8.6 displays the relationships between these environments and interfaces to external 
information and systems. These components have been defined in order to partition the 
architecture into manageable segments. In particular, this approach is being used to assist in 
the identification of NxTest requirements by listing requirements for each of the components. 
Of course, there is some overlap between the components (especially in regard to the TDTE) 
and some requirements span across several components. However, the components provide a 
complete definition of the software architecture and are beneficial in describing the NxTest 
environment and presenting NxTest requirements.

Figure: 8.6 NxTest Software Environments [21]

The SSDE is internal to NxTest software development. This environment consists of the 
languages, applications, and tools which will be used by the development team to create and 
integrate the environments which are utilized by the TPS developers, station operators, and 
other users. The System Software Development Environment includes software compilers, 
database management systems, and configuration management systems. Since this 
environment is not exposed to users of NxTest, strict adherence to the goals of NxTest (e.g. 
open systems approach) is not required. However, industry accepted languages and COTS
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tools will be utilized to the greatest extent possible to reduce the cost of software development 
and maintenance.

The Test Program Development Environment provides all the features required for test 
program development, test program maintenance, and legacy test program support. In NxTest, 
the Test Program Development Environment will be separated from the Test Execution 
Environment both in terms of applications and host computer systems, although it is desirable 
to have both environments capable of executing on the same host system. The applications 
and tools which make up the Test Program Development Environment include test program 
development databases, authoring systems used to develop test programs, and tools that are 
used to support legacy test programs. There are several desirable characteristics of the Test 
Program Development Environment. First of all, the environment should be designed such 
that the resulting test programs and test databases are transportable across various versions of 
NxTest. Secondly, the environment should provide a straightforward, user-friendly interface 
for TPS developers. Finally, the environment should provide a consistent user interface for 
TPS developers to reduce training time if TPS developers move to different versions. In 
addition to incorporating these characteristics, the challenges for this environment include 
reducing the impact to current DoD TPS developers and the desire to not lock the 
environment into one particular tool set.

The test and data transfer environment primarily addresses the interfaces between the Test 
Program Development Environment and the Test Execution Environment. The Test and Data 
transfer Environment also addresses the interfaces between NxTest and external data systems 
such as UUT BIT and maintenance data systems. This environment consists of two types of 
interfaces: computer communications and information structure. The computer 
communications interface involves standards for network communication between computer 
systems. The information structure interface involves utilizing standard definitions for the 
identification of data elements and files, including their syntax, format and semantics. The 
information structure interface will actually be used in all the environments, so it is somewhat 
misleading to only associate it with the Test and Data Transfer Environment. The information 
structure interface, which is most unique to the Test and Data Transfer Environment, pertains 
to test results data. This data will be produced by the Test Execution Environment and may be 
used by the Test Program Development Environment (to help define tests), the Test Execution
Environment (to help sequence tests), and external MISs (to provide statistical analyses of test 
times and UUT failures).

Finally, the Test Execution Environment provides all the capabilities required to execute a test 
on the NxTest station, monitor and control the station, and manage information regarding the 
station and tests executed. Specific capabilities from the reference [21] include the following:

 Storage of test programs and test related data
 Interfaces to station operators and maintainers
 Execution of test programs (including features for selecting tests and tracing 

execution)
 Allocation and control of station assets for tests
 Establishment and control of synthetic instruments
 Switch allocation and conflict checking
 Remote test control and monitoring
 Ability to perform functional and parametric testing
 Utilization of Artificial Intelligence and Expert Systems to control test sequencing
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 Communication with the Test Program Development Environment and external MISs
as necessary.

 Configuration control and health monitoring of station instruments 
 On-line documentation and help. 

As is evident from the above list of capabilities, the Test Execution Environment involves a 
wide range of technologies. Many of these technologies represent the state-of-the-art in test 
and diagnostics. Consequently, the development of this environment involves significant risk. 
In order to limit risk, the NxTest Software Team will utilize prototypes and leverage the work 
of other groups (e.g. ARI) in the areas which involve the most advanced and unproven 
technologies. In addition, due to the number of components required in the Test Execution 
Environment, this environment will have the greatest potential and challenge in terms of 
defining and implementing an open systems approach. However, if this is achieved, the Test
Execution Environment will provide for a maximum degree of interchangeability of software 
tools and applications as well as a minimal impact to software components when station 
hardware is interchanged or replaced.

8.2.4 Preliminary system software requirements

The NxTest Software Team has been working to define the requirements for the software 
architecture since December 1998. The Navy performed the original requirements 
identification efforts, and was joined by representatives from the other Services in April 1999 
for review and identification of additional requirements. At this time, the requirements are yet
to be considered firm. In particular, many of the requirements are subject to proof of concept 
and prototyping efforts before being committed to. It is also anticipated that as the 
requirements are made public, representatives from various organizations will provide 
comments and suggestions for achieving NxTest goals through amending the requirements or
utilizing new technologies and tools. In order to advance the requirements definition phase 
and begin investigating feasible solutions, some documentation of requirements was needed. 

The general requirements which apply to the entire software architecture relate to the use of 
DoD and industry standards. The ARI has identified approximately 20 key elements which 
are critical to the Environment for Test requested by the ATS EAO and the AMB which are 
mentioned in the beginning. These components are identified in the ATS Annex of the DoD 
Joint Technical Architecture and the ATS Acquisition Guide. Many of the components are 
industry standards, since this is the desire of the DoD and the AMB. For components which 
are specific to the DoD, the ARI is attempting to work with industry to develop industry 
standards. The main sources of standards are the IEEE, SCC20, the VXI plugandplay (VPP) 
Consortium. The ARI will begin working with the IVI Consortium to advance the 
standardization of interfaces to synthetic instruments as per reference [18, & 23]. In addition 
to the key elements, the NxTest architecture will require the use of COTS language compilers, 
database management systems, and tools. However, these tools will be required to incorporate 
open interfaces, preferably consistent with the ARI key elements, or the DoD Joint Technical 
Architecture, where applicable. This will allow the architecture utmost flexibility and not tie 
the Services to a specific set of software applications.

The System Software Development Environment involves the software languages and tools 
required to develop and maintain the other environments. Since this environment will not be 
part of the NxTest test program development and execution environments, thus, guidelines 
versus stringent requirements have been identified. The primary guideline is that 
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commercially available tools should be selected. The tools which would be utilized in this 
environment are: software language compilers, configuration management systems, and 
database management systems. Conformance of these tools to industry and DoD standards is 
highly desirable to help ensure that the components developed and maintained are compatible 
with each other and are not dependent on a particular tool set for support; reader can also refer 
to [4] for the current trends in this area. One requirement for this environment is that database 
tools must be compliant with SQL ISO/IEC 9075 information Technology - Database 
Languages - SQL and Open Data Base Connectivity (ODBC) 2.0 [23].

A primary objective of the Test Program Development Environment is that it allows for test 
program development and maintenance, and legacy test program support, which is not tightly 
coupled with a particular ATE software environment and hardware configuration. This will 
allow for test programs to be independent of ATE, and hence, more portable across different 
NxTest configurations. Since the Test Program Development Environment (TPDE) includes a 
wide range of tools, there are many requirements currently identified.

In order to attain test program portability, a standard test program interface will be established 
to be used by all test program development methods and understood by the Test Execution 
Environment. It is expected that this interface will include provisions for legacy test program 
execution and for the use of signal models to define test requirements. Further, a capability to 
generate test programs using a graphical interface which allows standard signals to be 
accessed and combined is specified.

Since the test program should be designed without regard to a particular ATE configuration, 
the Test Program Development Environment must contain information on the ATE hardware 
so that the test program can be verified for execution on the target ATE. The main hardware 
entities which must be known by the TPDE are the ATE'S individual instrument capabilities, 
switching capability, paths through the ATE, and Interconnect Device design. Here the IEEE 
ABBET committee and the ARI have worked to identify standard methods for storing ATE 
information and accessing this information. The ABBET 1226.3 Standard for Software 
Interface for Resource Management for a Broad Based Environment for Test (ABBET) [23] 
standard defines the standard approach for obtaining ATE information, mapping test program 
requirements to instrument capabilities, and allocating instruments off-line. 

There are several other requirement areas for the TPDE which can be extracted from the draft 
[23]. These areas have not yet had specific requirements tied to them in order to allow for 
flexibility in the NxTest design. One requirement area is support of legacy TPSs. Legacy 
TPSs must be supported by NxTest without requiring extensive re-host effort. However, there 
are several ways to achieve this support, such as translators and providing features in the Test 
Execution Environment to execute legacy TPSs. No attempt to select an approach has been 
made by the NxTest Software Architecture Team. Other areas which have not been assigned 
detailed requirements are configuration control (of test programs, signal models, 
documentation, etc.); tools for importing of UUT design data (compatible with popular net-
list formats and hardware description languages); test program modeling and simulation 
capability (including modeling of UUT, ID, and ATE; and simulation of TPS execution); and 
on-line documentation and training. 
The requirements identified for the Test and Data Transfer Environment primarily involve the 
network mechanisms to be used to pass data between the TPDE and the Test Execution 
Environment. The ARI has identified the TCP/IP protocol and any hardware which supports 
TCP/IP as key elements for its environment for test. Therefore, these are specified for NxTest. 
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The requirements for the test and Data Transfer Environment also include compliance with 
MIL-STD-188-164 for military satellite communications [23]. This will allow for the transfer 
of test programs and test results data to remote locations. It will also provide the vehicle for 
monitoring and control of NxTest stations from remote locations. Finally, the Test and Data 
Transfer Environment specifies that a standard format be used for test results data. However, 
since published standards are not known to exist, the draft requirements report simply 
suggests that a standard approach should be implemented. The ARI has identified 
Maintenance and Test Data as a key element and intends to identify or develop a standard in 
the future.

As stated previously, the Test Execution Environment offers the greatest potential for NxTest 
to incorporate an open systems approach and to ensure that NxTest stations satisfy the diverse 
requirements of the DoD Services and industry users. Consequently, a large number of 
requirements have been identified for this environment. The requirements identified for the 
Test Execution Environment include the functionality of the NxTest Run Time System as well 
as features which are not specific to the Run Time System. 

The main component of the Test Execution Environment is the Run Time System. The Run 
Time System is required to provide control for the execution of the test program and for the 
NxTest hardware and software components used to perform testing of the UUT. In order to 
interpret the test program, the Run Time System must be compatible with the standard test 
program interface to be identified by the NxTest team. This interface was identified above in 
reference to the TPDE. In order to allocate instruments and paths for testing (for cases when 
test requirements cannot be resolved in the TPDE or when dynamic allocation is desired), the 
run time system must comply with the IEEE 1226.3 Resource Management [23] standard. 
IEEE 1226.3 satisfies several of the key components of the ARI’s Environment for Test; 
including Resource Management; and Instrument, Switch, and Adapter Functional and 
Parametric Data. In order to communicate with instruments (both COTS and synthetic), the 
Run Time System will incorporate the instrument-related key components of the ARI’s 
Environment for Test; including the Instrument Driver, Instrument Communications 
Management, and System Framework components. 

The ARI has identified the VXI PlugandPlay standards to satisfy these components. An 
additional component, Resource Adapter Interface, has been identified by the DoD ARI to 
provide an interface between the Resource Management component and the instrument-
related components. A standard to satisfy the Resource Adapter Interface has yet not been
identified; however, the ARI expects to work with the IVI consortium to define this interface. 
Finally, the ARI has begun work to satisfy the Run Time System key component which 
involves standard services for message handling, data logging, and test evaluation. 

The software required to implement synthetic instruments is also part of the Test Execution 
Environment. The synthetic instrument software has two functions: 1) provide an interface to 
the test program control component of the Run Time System to accept requirements and 
return data and status; and 2) create and control synthetic instruments based on the 
information passed through the interface. This technology is in its infancy, so there is little for 
the NxTest Software Team to draw from in terms of existing solutions or proposed
approaches. Therefore, no specific requirements for synthetic instrument software have been 
identified. However, the software must be developed using a standard programming language 
and must provide an open interface to other NxTest software components that it will 
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communicate with. It is expected that the IVI interface will be investigated, and possibly 
enhanced through the IVI consortium, to provide the required open interface.

The Test Execution Environment contains several requirements related to improving test 
program development, debug, and execution. A standard test results data logging capability, 
including instruments and paths utilized, will be required to allow for analysis of test 
executions. A means to download UUT BIT data will be provided for use in diagnostic 
decisions and test program sequencing. Finally, an Artificial Intelligence/Knowledge Base 
interface is required in NxTest. This interface will allow for the incorporation of an Expert 
System to control test programs by using the information provided from past test result logs 
and current UUT BIT. The ARI has identified key components for data logging, BIT, and
Artificial Intelligence. At this time, the IEEE 1232.x Trial use Standard for Artificial 
Intelligence Exchange and Service Tie to All Test Environments (AI-ESTATE) standard has 
been identified to satisfy the key components for Artificial Intelligence and has been included 
in the NxTest Software Requirements Report.

The ARI also plans to liaison with other committees, which have not yet been identified for 
BIT data and maintenance and test data. Since the ARI has not made a final decision 
regarding these standards, they have not been identified in the NxTest Software Requirements 
Report.

The NxTest Software Team has also identified several features for the Test Execution 
Environment for management and maintenance of the NxTest stations. NxTest will provide 
for both automatic and operator control of these features. The features include health 
monitoring, self-test and calibration. These features will be scalable (for the different station
configurations) and modular (to allow for execution of a subset of the feature). These features 
are not considered key elements by the ARI and therefore will not be required to conform to 
specific standards. However, conformance to the main body of the DoD Joint Technical 
Architecture [25] requirements will be desired. 

Finally, several general requirements of the Test Execution Environment have been identified. 
NxTest will be required to allow for control and monitoring of test programs and station 
hardware from remote locations. NxTest will have the capability to execute both parametric
and functional testing. Parametric testing is defined as step-by-step testing of the UUT in 
which parameters from the UUT are measured and compared against values contained in the 
test program. Functional testing is defined as simulating the UUT's operational environment 
and monitoring the UUT's responses. Functional testing usually involves application of
stimuli and monitoring responses in a concurrent manner. Finally, the Test Execution 
Environment is required to provide on-line help to station operators and maintainers.

NxTest offers the DoD and commercial industry an exciting opportunity to realize the benefits 
of state-of-the-art technology in a manner which leverages existing investments in test 
program development and allows transportability of test solutions across various 
organizations. From a DoD perspective, NxTest will embody the goals and objectives of the 
ATS EAO and the AMB, and be the host for the Environment for Test defined by the ARI
[20]. NxTest also provides the framework for analyzing and proving the benefits of the 
environment for test and possibly modifying this environment. 
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Conclusions
Synthetic instrument technology is new in the industry and has revolutionized 
the way test and measurements are carried out giving users a convenient and 
reliable way to satisfy their needs. The thesis work started out with giving a 
brief introduction of the synthetic instruments and their general purpose 
hardware architecture which would provide designers as a kernel prototype 
around which broader set of technologies and applications can be developed.

The major driving force remains the department of defense for the synthetic 
instruments; this work describes the various issues like total 
ownership/maintenance and upgradation costs that affect the DoD; and by way 
of active involvement of various standards bodies such as IEEE-SC20, IVI, 
VXI, etc these issues can be overcome.  As an example, the NxTest software 
architecture has been discussed; this work also shows how it will provide the 
definitive solution toward overcoming the stovepipe approaches that have 
plagued the DoD ATS community for years. Further, the flexibility inherent in 
the NxTest architecture will ensure that it remains a viable solution across the 
services for many years. From an industry standpoint, both suppliers and users 
of ATS will benefit. Suppliers will have an opportunity to help define NxTest 
requirements and provide solutions in terms of approaches, standards, and tools. 
Users will be able to leverage the work already performed by the DoD and also 
participate in the definition of NxTest requirements and analysis of proposed 
solutions.

This work is very informative in regards to providing all the possible current 
standards that are existent in the SI world. This will help the SI 
architect/developer to analyze the areas to avoid the total owner ship costs, 
flexibility and obsolescence issues.

The major area of focus in the synthetic instrument architecture is the data 
conversion region and the signal conditioning aspect. These areas have been 
discussed in detail specially the DAC and ADC conversion process with the 
examples of coupled data collection. All in all these areas (i.e. data conversion 
and signal conditioning) are taking extensive utilization of DSP technology by 
way of SDR. Many drafts show the recent trends in productizing synthetic 
instruments implement FPGA technology and LabVIEW software. With high 
level design tools like LabVIEW, engineers can develop FPGA algorithms and 
the design/graphical programming of embedded technology. In the past there 
was a significant barrier for the engineers and the scientists to create FPGA 
systems because it required extensive knowledge of complex hardware 
descriptive languages and it was time consuming to integrate them with other 
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systems and devices; LabView has provided much ease in the development of 
hardware and graphical environments and a significant contribution in 
overcomming the integration issues. 

As a hardware example TRM 1000C architecture has been discussed in detail 
based upon the material provided; the automated calibration/diagnostic routines 
developed for the RFMTS have been mentioned. Providing accurate, reliable 
measurements and diagnosing the station in case of failures is the major area of 
focus. Developing the self-test for the RFMTS has been an iterative process of 
assessing failure modes within the test system as they occur and updating the 
self-test software and providing extended levels of diagnostics to permit 
isolating the failure. It is important to note that although the solution is software, 
key source data used to develop and update the software comes from the test 
station log book. As problems arise with the system, they are entered in to the 
log book to keep a running history on station issues and their solutions. Use of 
the log book continues to be a critical part of the system maintenance software 
update process.

Diagnostic routines have also been developed and used for trending purposes, 
with the goal of identifying potential problems before they become actual station 
problems. One approach to this end is to store baseline measurements while the 
system is in a known good condition and put relative limits around the baseline 
measurements. This approach was especially desirable in a “loop back” test 
approach to self-test, where performing an OLS calibration on the closed-loop 
paths is not practical. Without being able to perform a conventional calibration 
of the closed loop paths the test adapter and any external cabling become part of 
the measurement. In this case the cabling and test adapter essentially become the 
DUT. Problems arise with this approach when trying to define a workable set of 
test limits that can be used across multiple copies of the self-test adapter as well 
as across different test stations. However, by baselining the test paths and 
defining test limits relative to a known good baseline rather than setting absolute 
test limits this problem can be overcome. This is important in the case of the 
RFMTS which uses the same test software and limits with different self test 
adapters and across multiple test stations where differences in path lengths and 
varying mismatches in the test cables or adapter can causes variations in overall 
path losses. In this scenario, the self-test is first run in a mode to store path 
baselines and in subsequent runs, the paths are measured and compared to the 
baseline file to look for trends in degrading system performance in an attempt to 
head off potential system problems before they happen. Additionally, the system 
self-test enhanced with these extended diagnostics can provide that “first line” 
of defense for troubleshooting station problems when they arise.
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Acronyms

A

ABBET A Broad Based Environment for Test

A/D Aero space/Defence

AI-ESTATE Artificial Intelligence-Exchange and Service Tie to All Test Environments

AM Amplitude Modulation

AMB ATS Management Board

ATS Automatic Test Systems

ATE Automatic Test Environment

ATP Automatic Test Programe

AWG Arbitrary Waveform Generator

API Application Programming Interface

ADC Analog to Digital Converter

ASP Analog Signal Processing

ARI ATS R&D IPT

ARGCS Agile Reconfigurable Global Combat Support

ATML Automatic Test Markup Language

B

BCD Binary Coded Decimal

BER Bit Error Rate

BIT Built In Test

BSC Basic Signal Components

C

COTS commercial off-the-Shelf

CASS Consolidated Automated Support System

CTI Common Test Interface

D

DoD Department of Defense

DAC Digital to Analog Converter
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DFT Discrete Fourier Transform

DMM Digital Memory Module

DSP Digital Signal Processing

E

EAO Executive Agent Office

EMI Electromagnetic Interference

ENOB Effective Number of Bits

ENR Excess Noise Ratio

ERF Extended Reference Plane

F

FFT Fast Fourier Transform

FPGA Field Programmable Gate Array

G

GPIB General Puropose Interface Bus

GUI Graphical User Interface

I

ID Interface Device

IDD Integrated Diagnostics Demonstration

IPT Integrated Product Team

IVI Interchangeable Virtual Instruments

IF Intermediate Frequency

IFTE Integrated Family of Test Equipment 

IEEE Institute of Electrical & Electronics Engineer

I/Q In-phase/Quadrature

J

JTA Joint Technical Architecture

L

LRU Line Replaceable Unit

LCU Local Calibration Unit

M
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MTBF Mean Time Between Failures

N

NAVAIR Naval Air Systems Command

NTSC National Television Standards Committee

O

OSA Open Systems Architecture

OSLT Open Short Load THRU

ODBC Open Data Base Connectivity

P

PCI Peripheral Component Interconnect

PDD Product Design Data

PXI PCI Extension for Instrumentation

PXISA PXI Systems Alliance

PRF Pulse Repetition Frequency

PRPO Power Reference Plane Orign

R

RAI Resource Adapter Interface

R&D Research and Development

RFI Receiver Fixture Interface

RF Radio Frequency

RFMTS RF Multi-function Test System

ROI Return On Investment

RPE Reference Plane Extension

S

SDI Software Defined Instruments

SG Signal Generator

SDR Software Defined Radio

SFT System Functional Test

SFDR Suprious Free Dynamic Range

SI Synthetic Instruments

SIWG Synthetic Instrument Working Group
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SMS Synthetic Measurement System

SML Signal Modelling Language

SRU Shop Replaceable Units

SRA Shop Replaceable Assemblies

SCPI Standard Commands for Programmable Instruments

SIMU Synthetic Measurement Unit

SQL Structured Query Language

SRA Shop Replaceable Assemblies

SRU Shop Replaceable Unit

T

TDC Test and Diagnostics Consortium

TOC Total Ownership Cost

TPS Test Program Sets

TTL Transistor-Transistor Logic 

TCP/IP Transmission Control Protocol/Internet Protocol

U

UUT Unit Under Test

USAF United States Air Force

USMC United States Marine Corps

V

VME Versa Module Europa

VXI VMEbus Extension for Instrumentation

VRPO Vector Reference Plane Orign

W

WRA Weapons replacable assemblies

X

XML Extensible Markup Language

Y

YIG Yttrium Iron Garnet
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