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Conventionally, the performances of Analog and Mixed-Signal (AMS)

circuits have been characterized using specification-based functional tests. In

these test methods, the correct functionalities of AMS circuits are verified

by measuring pre-determined specification parameters of AMS circuits. The

conventional test methods provide accurate test results by using various test

equipments which generate functional test signals and capture the test re-

sponses externally. However, due to rapid increase in the performance of AMS

circuits in recent years, the conventional test methods face various challenges

in the aspects of test cost, test time and testability.

The goal of this dissertation is to develop innovative functional test

methods for AMS circuits which are aimed at reducing the test cost and test

time while providing comparable test accuracy to the conventional test meth-

ods. To achieve this goal, efforts have been made to explore the characteristics

vii



of AMS circuits in a system level and to research efficient performance charac-

terization methods based on the system level modeling of Devices Under Test

(DUTs). As a part of these efforts, the pseudorandom test methods for nonlin-

ear AMS circuits have been developed. In these methods, the pseudorandom

signal is used to excite the DUT and to generate the test response which has

sufficient information to characterize DUT performances. The pseudorandom

test methods use the Volterra series model to capture the nonlinear behav-

iors of AMS circuits and to calculate various specification parameters of the

DUT using the pseudorandom test response. In doing so, the performances of

nonlinear AMS circuits can be characterized straightforwardly and accurately

using a low-cost test setup. Also, in an effort to reduce the test time, parallel

test methods of AMS circuits have been developed in which multiple DUTs

are tested simultaneously by sharing a common test setup. In these methods,

the test responses generated from different DUTs are combined together and

the resulting composite test response is used to characterize the performance

of each DUT individually. This will reduce the use of tester resources and will

increase the test throughput beyond the level limited by the test equipments.

The spectral characteristics of test stimulus are studied along with the system

level behavior of AMS circuits to develop the efficient parallel test methods.

Finally, in order to consider the practical issue of generating at-speed test stim-

uli for high-speed DUTs using a low-cost test setup, a reconfigurable built-off

test interface is developed which can be used to generate various test patterns,

including high-speed pseudorandom signal, using a low-speed tester.
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Chapter 1

Introduction

1.1 Motivation

For the last several decades, Analog and Mixed-Signal (AMS) Inte-

grated Circuit (ICs) performance has been improving rapidly, fueled by grow-

ing demands from applications such as wireless communications and multi-

media. In addition, the advances in manufacturing technology has enabled

various analog and mixed-signal function blocks to be integrated into a sin-

gle System-on-Chip (SOC) along with digital circuits. Typically, these im-

provements in IC development come with increases in complexity and process

shrinks. These trends, in turn, increase the susceptibility of chips to various

types of faults, thus requiring more accurate tests than before. While the im-

portance of testing high-performance devices has been increasing drastically,

testing these devices currently requires a large amount of capital investment,

which is especially true for AMS circuits.

Conventionally, most AMS circuits are tested based on a specification-

based test approach. In this approach, the functionalities of AMS circuits

are verified by measuring various specification parameters using DC or AC

test inputs, and by comparing the values of measured parameters against pre-
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determined specification limits. This is the most straightforward method to

test the circuit performance in the sense that the test input signals are the

same as the functional input signals. Consequently, various specification-based

test methods have been used successfully in characterizing the performances

of AMS circuits accurately until now [11].

However, this success comes at the expense of increasing test cost and

test time. Speeds of the Devices Under Test (DUTs) have been increasing

rapidly for the last couple of decades, and this trend requires Automatic Test

Equipment (ATE) to be frequently upgraded to faster and more expensive

versions, which incurs a large amount of capital expenditure. Also, ever-

increasing resolution of the DUT increases the test time to maintain accurate

test results by collecting more samples of test responses than before. In the

current IC development, increasing the test time pushes the test cost higher

by a large amount. As a result, nowadays, the test cost represents a significant

portion of the overall production cost of AMS circuits [3]. Thus, reducing the

test cost and test time becomes one of the most important issues in AMS IC

development.

In addition to the issues of increased test cost and test time, the SOC

trend poses another significant challenge for testing embedded AMS circuits.

Due to the tight constraint on the number of I/O pins and the routing issues,

SOC devices do not provide access to every input or output of embedded

AMS circuits. Thus, it becomes difficult to control the input and output

of the DUT separately from other modules implemented in the same SOC

2



device. As a result, the external test equipment has only limited access to the

embedded AMS circuits which results in reduced test accuracy compared to

the conventional module-based test method.

The issues explained above call for innovative test methods to decrease

the test cost and test time while not compromising the test accuracy. Also, a

new test method is required to increase the testability of the embedded AMS

circuits without increasing the manufacturing cost and the test cost.

1.2 Organization and Contribution of the Dissertation

This dissertation presents an efficient test framework for analog and

mixed-signal devices based on a system level modeling of the DUT. By ab-

stracting the behaviors of AMS circuits to the system level, the test framework

presented in this dissertation can be flexibly applied to various applications

which have different underlying implementation details.

The presented test framework aims to achieve three major goals. The

first goal is to use the framework to characterize the performance of AMS cir-

cuits at low-cost while maintaining comparable test accuracy to the conven-

tional test methods. To achieve this goal, the proposed test method exploits

the spectral performance characterization algorithm using easy-to-generate

test signals which are substantially digital signals that can be generated by a

simple digital hardware or design for test (DFT) circuitry. A significant por-

tion of testing AMS circuits is transferred to the digital domain. Moreover,

the method is aimed at testing embedded AMS circuits efficiently by using
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on-chip digital modules which are commonly available in SOC devices.

The second goal is to increase the test throughput by testing multiple

AMS circuits simultaneously, and thus to reduce the effective test time per unit

DUT. When testing multiple numbers of DUTs in parallel, the major issue is

to characterize the performance of each DUT separately. To solve this issue,

efforts have been made to extract the performance parameters of each DUT

separately from the composite test response by exploring the signal properties

of the test stimuli and the test response. In doing so, the test time can be

reduced noticeably without compromising the test accuracy.

The final goal is to reduce the test cost associated with the ATE. In

practical test environments, most AMS circuits require at-speed test stimuli.

This imposes a big burden on the ATE as the speed of AMS circuits are

increasing rapidly, and thus increasing the test cost considerably. In order to

address this issue and to implement the test framework in this dissertation

cost-effectively, an off-chip test interface is developed to execute the at-speed

test of the high-speed DUT using a low-speed ATE.

The rest of this dissertation is organized as follows. First, Chapter

2 reviews the previous methods to test analog and mixed-signal circuits to

highlight the motivation of the work presented in this dissertation.

Chapter 3 presents the low-cost test method to characterize the non-

linear performance of AMS circuits as well as those embedded in SOC devices.

This method employs a Volterra series to model the behavior of AMS circuits
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in a system level and uses a pseudorandom signal to identify the parameters

of the Volterra series model. The major contributions of this research can be

summarized as follows.

• Develop a new functional test method using a pseudorandom signal,

which can be easily generated from a Linear Feedback Shift Register

(LFSR), to identify the Volterra series and to characterize the nonlinear

performance of the DUT. Since the LFSR can be easily found in the

SOC devices for various purposes, the proposed method can be easily

extended to test embedded AMS circuit accurately.

• Come up with a low-complexity algorithm to identify the parameters

of the Volterra series model (which represents the DUT performance

accurately), and verify the validity of the presented pseudorandom test

algorithm using hardware measurement.

Chapter 4 discusses an efficient parallel test method for AMS circuits

to reduce overall test time. In the parallel test method, multiple DUTs share

a common test setup to reduce the use of expensive tester resources and to

decrease the total test time by increasing the number of DUTs tested per unit

time. The main contributions of this research include the following.

• Develop a loopback test method for mixed-signal circuits which is not

affected by the fault masking problem. Simple analog circuits, an analog

adder and a RMS detector, are placed in the analog path to resolve the

5



fault masking issue. The digital-in/digital-out configuration achieved

by the presented loopback test method helps to reduce the test cost

noticeably by using digital test equipments to test AMS circuits.

• Devise a parallel test method to characterize the performance parameters

of multiple AMS circuits simultaneously without increasing the use of

tester resources. The parallel test method uses either pseudorandom

signals or sinusoidal signals to excite multiple DUTs at the same time

and to generate the composite test response which is post-processed to

provide performance parameters of each DUT separately. Parallelism is

increased by sharing common test equipment and a DUT board among

multiple DUTs.

Chapter 5 presents an efficient test framework to extend the use of low-

cost ATE to the at-speed test of high-speed DUTs. In order to bridge the

speed gap between the ATE and the DUT, an off-chip test interface circuit,

called Built-off Test Interface (BOTI), has been developed, and used to run at-

speed test procedures on behalf of the ATE. The contribution of this research

can be summarized as follows.

• The proposed test framework enables the low-cost ATE to actively con-

trol the high-speed test procedure using the built-off test interface. The

built-off test interface and the proposed test framework are highly flexi-

ble, and can be used in various test applications without modifications.
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• Devise a method to perform a reliable off-chip signal communication,

and verify its validity through actual measurements.

Conclusions are presented in Chapter 6 with discussions on future work.
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Chapter 2

Overview of Analog and Mixed-Signal Circuit

Test

This chapter first presents a brief overview of the conventional test ap-

proach for analog and mixed-signal circuits, and explains why it raises some

issues for recent AMS IC developments. Then, the review of various exist-

ing test approaches aimed at solving the problems with the conventional test

method is presented along with the discussions on the pros and cons of each

approach.

2.1 Conventional Test Approach

Figure 2.1 depicts a typical test setup for an AMS circuit. An external

signal generator is used to apply functional test input to a DUT. For AMS

circuit test, an Arbitrary Waveform Generator (AWG) or a sine wave generator

is used to generate an analog test input while a pattern generator or a clock

generator is used to generate a digital test input. Typically, the specification-

based test of AMS circuits requires at-speed test inputs which means that the

external waveform generator should be able to generate the test input signal

as fast as the operating frequency of the DUT.

8



Signal
Generator

Device 
Under
Test

(DUT)

Response
Analyzer

�

�

Test Stimulus
• Coming from off-chip equipment
• Sine wave, ramp signal and etc.
• Analog or Digital input

Test Response
• Should be sent to off-chip equipment
• Digital or Analog output
• Data needs to be post-processed

Figure 2.1: Conventional Test Setup

The output of the DUT is captured using a response analyzer and post-

processed to verify the correct functionalities of the DUT. Various external test

equipments, such as a spectrum analyzer, a digitizer or a network analyzer,

can be used based on applications to capture the DUT output and to calculate

the specification parameters. To meet the at-seed test requirements, these

response analyzers also need to operate at least at the same speed as the

operating frequency of the DUT. In case frequency domain characterization is

required, the response analyzer should operate at least at twice the speed of

the DUT to satisfy the Nyquist criterion.

Usually, the specification parameters of the AMS circuits are calcu-

lated in the frequency domain. This means that the DUT output should be

converted into the frequency domain using a Fast Fourier Transform (FFT)

operation. In this case, the accuracy of the test is greatly affected by the

frequency resolution of the FFT, and this frequency resolution is determined

9



by the sampling frequency and by the number of samples. For a given time

frame, the frequency resolution increases as the sampling frequency increases.

Also, for a given sampling frequency, the frequency resolution increases as the

number of samples increases.

Although this conventional test setup offers good test accuracy since

the functionalities of the DUTs are tested directly, it requires a long test time

which increases with the resolution of the DUTs. Moreover, the cost associated

with the external test equipment grows with the increase in the speed and the

complexity of the DUTs. Even worse, in a SOC environment, it is difficult to

access embedded AMS circuits from the external test equipment. Therefore,

testing the embedded DUTs using the conventional test setup is becoming

increasingly difficult.

2.2 Signature-based Test Approach

A signature-based test approach is aimed at reducing the test cost by

using an indirect method to characterize the performance of AMS circuits

using a low-cost test setup. In this approach, a non-conventional test signal,

which can be easily generated from on-chip built-in test circuitry or low-cost

external test equipment, is applied to the DUT, and then the response (which

is called a signature) of the DUT is analyzed to estimate the performance of

the DUT indirectly.

Various studies have been conducted to use easy-to-generate signals

such as DC values, piecewise linear or noise signals, to excite AMS circuits

10



and to produce the signature that has a good correlation with the actual DUT

performance. Notable among them is the pseudorandom test which has been

proven to be an efficient low-cost signature-based test algorithm for analog

and mixed-signal circuits [7, 15, 22, 32, 35, 38]. In a typical pseudorandom test

implementation, the input sequence generated from a LFSR is used to excite

a DUT. Then, the cross-correlation of the input and output sequence is cal-

culated and used as a signature to predict the performance parameters [35].

The major advantage of using a pseudorandom signal is that it is a spread-

spectrum signal that covers a wide range of frequencies. In this case, the

cross-correlation of the input and output represents the transfer function of

the DUT [51]. It is well known that the transfer function determines the behav-

ior of a certain system in both time and frequency domains. Thus examining

the transfer function will detect changes in the system properties. Another

advantage of the pseudorandom test is that it can be easily embedded into

a SOC environment by re-using the LFSR which is widely used in the area

of digital circuit Built-in Self Test (BIST). This reduces the overhead of the

test stimulus generation circuitry and allows the analog circuit domain to be

highly integrated with the digital circuit domain.

The aforementioned pseudorandom test has been very successful in de-

tecting both catastrophic and parametric faults of the linear circuits that cause

changes in the transfer function. However, these methods cannot capture the

nonlinear behavior of the DUT since the primary assumption of the conven-

tional pseudorandom test is that the DUT should be represented as a Lin-
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ear and Time-Invariant (LTI) system [51]. It has been considered difficult

to identify a nonlinear system function using pseudorandom sequences. The

main difficulty comes from the fact that nonlinear behavior modeling requires

advanced mathematical methods which increase the complexity of the perfor-

mance characterization method [56]. There have been several studies to apply

pseudorandom test schemes to mixed signal [15, 32] and RF [7] nonlinear cir-

cuits without deriving a nonlinear system function directly. In these studies,

performance parameters were predicted by mapping the measurement space to

the parameter space. A Chebychev polynomial was used in [15] to bridge the

nonlinear static errors (integrated nonlinearity and differential nonlinearity)

of Analog-to-Digital Converters (ADCs) and the output signatures, while a

nonlinear regression technique was used in [7] to map the performance param-

eters of RF components to the alternate test outputs. These methods could

predict the performance of the nonlinear circuits with a small prediction error.

However, they require additional input stimuli other than the pseudorandom

signal to generate the output signature, and the pseudorandom signal was

mainly used to sample the output signature of the DUT. This may increase

the amount of test pattern generation circuitry and also raise the test cost.

Another direction in the signature-based test approach is to predict the

DUT performance by mapping the information gathered from the signature of

the DUT to the specification parameters of the DUT using statistical mapping

functions [6, 7, 18, 24, 61] or mathematical equations [15, 48]. The major goal

in this approach is to replace the costly conventional methods of functional
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test with an alternate test method that can be executed using a low-cost test

setup. In doing so, the test cost can be considerably reduced compared to the

conventional test methods while the test accuracy can be improved compared

to the typical signature-based tests explained above. The underlying princi-

ple in this approach is to use the correlation between the low-cost test result

(measured signature) and the conventional test result (specification parame-

ter). This correlation arises from the fact that both test results are sensitive

to same fault mechanisms and process variations of the DUT which lead to

performance deviations. Thus, the objective of this approach is to exploit

the cost-effective test method to generate a signature that is highly correlated

with the DUT performances and to use the proper mapping tool to predict

the specification parameters from the measured signature.

To achieve this objective, on one hand, there have been a number of

studies aim at finding proper low-cost test stimuli that offer good correla-

tion between the measured signature and the specification parameters. For

example, multi-tone sinusoidal signals [31], piecewise linear signals [53] and

noise signals [7, 15] were used in different cases to test various analog and RF

circuits. Moreover, the work presented in [8, 43] eliminates the use of a test

stimulus by converting the DUT into an oscillator.

On the other hand, several studies focused on generating the low-cost

representation of the DUT output when a conventional test input is applied

to the DUT. The work presented in [18, 61] used a built-in on-chip sensor to

sense the amplitude of the RF signal and to predict the performance of the RF
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circuits at high frequencies. This method makes it possible to predict the high-

frequency performance of the RF circuit using a low-frequency test equipment.

Moreover, in [25, 60], the authors used a simple analog comparator to represent

the sinusoidal signal with a three-level DC signal, and thus to reduce the cost

associated with the response analyzer.

The alternate test methods described above have been used successfully

in many applications to reduce the test cost and test time. The main issue with

this approach, however, is that the test accuracy is limited by the accuracy of

the mapping function, while there is no metric to estimate the accuracy of the

mapping function quantitatively. Typically, extensive circuit simulations are

required to ensure that the derived mapping function represents the correlation

between the measured signature and the specification parameters accurately.

However, it is very difficult to derive an accurate mapping function when

there is a high degree of nonlinearity between the measured signature and the

specification parameters, or when the netlist of the DUT is not available.

2.3 On-chip and Off-chip Test Dedicated Circuitry

As explained previously, one of the important factors which increases

the test cost is the cost associated with the ATE. This is especially true for

the at-speed test of high-speed devices, since the ATE needs to be frequently

upgraded to faster and more expensive versions to support ever-increasing

DUT speeds [33]. There have been a number of research projects in recent

years attempting to relieve the ATE-related cost by performing various tests
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using test-dedicated circuitry which could be implemented on the DUT (on-

chip) or off the DUT (off-chip) [10, 14, 17, 30, 35, 42]. The common goal in all

these research projects is to implement the ATE functions, such as test pattern

generation or test response collection, using the test-dedicated circuitry so that

the ATE does not have to handle high-speed signals externally. In this way,

a low-cost ATE with slow speed and low I/O bandwidth can be used to test

high-performance DUTs.

Various techniques have been proposed to implement ATE functions

such as analog waveform generation, digitization and signal processing on-

chip [17]. These function blocks can be implemented by reusing existing

on-chip modules or designing separate built-in test circuitry. For example,

analog waveforms can be generated on-chip using a Digital-to-Analog Con-

verter (DAC) or an oscillator, and digitization can be implemented using an

ADC, while signal processing can be done using an on-chip digital signal pro-

cessor (DSP). By using on-chip test-dedicated circuits, we can replace analog

test inputs or outputs with digital signals. Considering that digital signals

are easier to generate and to replicate than analog signals, these techniques

can help reduce the test cost [30]. For example, the work presented in [14]

developed an on-chip signal generator for frequency-domain testing of ADCs.

It used a static RAM to generate a digital sine wave and used a sigma-delta

generator to convert the digital sine wave into an analog signal. In [42], the

authors presented an on-chip ramp generation scheme for time-domain testing

of analog circuits and histogram test of ADCs. Their design requires only a
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system clock and a voltage reference as inputs to a ramp generator; therefore,

a complex analog waveform generator is not required. Pan et al. [35] proposed

a BIST scheme for testing linear analog circuits in which test input generation

and response analysis are all performed on-chip. LFSR and DAC are used to

generate the test stimulus, and on-chip DSP and ADC are used to analyze the

output response.

The biggest challenge in these methods is to provide accurate test re-

sults with a reasonable amount of area overhead for test-dedicated circuits.

Typically, the test signals (such as sine wave or ramp signal) generated on-

chip are not as clean as the signals generated by external test equipment and

this leads to inaccurate test results compared to conventional test methods.

Another approach is to implement test-dedicated circuits off-chip and

use them to interface the low-cost ATE and high-performance DUT [10]. Since

the off-chip method does not require extra on-chip test circuits, it can be used

in various test applications, which normally require an external high-speed

ATE for testing the DUT, without any manipulation of the DUT. However, in

this method, the test-dedicated circuit has to communicate the signals with the

DUT through an off-chip environment which makes the signal communication

vulnerable to off-chip channel skew and hazardous glitches. This factor may

lead to a decrease in the reliability of test results.
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2.4 Parallel Test Method

One way to reduce the test time is to increase the test throughput by

testing multiple DUTs in parallel [9, 21, 26, 46, 54]. This method of parallel

testing or multi-site testing has been widely used in memory and digital test

areas and has recently gained popularity in the AMS circuit test area [9, 58].

However, due to the limited I/O pin counts and the complexity of analog test

components inside a mixed-signal tester which is used to test AMS circuits,

the number of mixed-signal devices that can be tested simultaneously has been

restricted to a small number. The ITRS (International Technology Roadmap

for Semiconductors) report indicates that memory testers can support up to

512 parallel tests, while the mixed-signal testers can support up to 8 by the

year 2007 [2, 3].

In order to increase the degree of parallelism beyond the level limited by

the tester, various parallel test techniques for AMS circuits have been proposed

recently. The authors in [46] used both time-domain and frequency-domain

multiplexing algorithms to share one digitizer among multiple stereo DACs.

They implemented a multiplexing logic on a DUT board and showed that

the test time as well as the test cost can be reduced by sharing the common

digitizer. Recently, Kwan et al. [26] proposed an algorithm to test two current

steering DACs used in an RF CODEC with one digitizer. The outputs of these

DACs are combined using resistor loads and are sent to a single digitizer to

characterize overall performances. Also, Jin et al. [21] presented a technique to

test high-resolution DACs on-chip using flash ADCs. In their algorithm, high
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speed on-chip data acquisition and digitization is achieved using the ADCs,

and thus external equipment is not required. The authors in [23] presented

an algorithm to test multiple data converters under a digital test environment

which has advantages over an analog test environment in the aspect of cost.

In this method, the outputs of the DACs are connected to the inputs of the

ADCs to configure a digital-in/digital-out test environment.

These techniques, however, are vulnerable to fault masking which may

lead to considerable a yield loss and low test accuracy [47]. Fault masking

occurs when the test response from one DUT is corrupted by interactions

from other modules which share the same signal path with the DUT. This

leads to misinterpretation of the test response observed at the output node,

thus causing a pass/fail decision based on this observation to be incorrect.
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Chapter 3

Pseudorandom Test of Nonlinear Devices

This chapter discusses pseudorandom test methods for analog and mixed-

signal circuits which are developed based on a system level modeling of the

DUT. The goal of studies presented in this chapter is to develop low-cost

test algorithms which use a non-conventional test setup to characterize the

performance of the nonlinear AMS circuits accurately, without using any in-

direct mapping methods. To achieve this goal, the presented algorithms use

a pseudorandom sequence, which can be easily generated from a built-in test

circuitry such as a LFSR or a low-cost test equipment, to find the fundamental

description of the DUT behavior, and to predict the performance of the DUT.

There are two pseudorandom test methods presented in this chapter. In

both methods, a Volterra series is used to model the DUT at the system level.

The first method, which presented in Section 3.2, uses a simplified Volterra

series model to reduce the complexity of the test algorithm. On the other hand,

the second method, which presented in Section 3.3, uses a general discrete-time

Volterra series model while a compressed cross-correlation method is used to

reduce the complexity. As will be described later in this chapter, the first

method can be used in applications in which memory effects of the circuit can
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be ignored while the second method can be used in more general cases.

3.1 Review of Pseudorandom Test Method

This section presents a brief review of the existing pseudorandom test

method detailing its fundamental idea as well as its limitations.

3.1.1 Conventional Pseudorandom Test

It is well known that a LTI system can be described by the transfer

function as follows,

y(t) = x(t) ∗ h(t) (3.1)

where h(t) is the transfer function of DUT. The basic idea of pseudorandom

test is to find the transfer function or some other parameters closely related

to the transfer function. By comparing the key parameters of the obtained

transfer function with the golden values, we can see whether the performance

parameters of the DUT stay within the tolerance range. A random sequence

x(t) generated by a specific random process X is used to excite the DUT. When

x(t) passes through the DUT, a new random process Y , which generates the

random sequence y(t), is formed at the output. To find the transfer function

of the DUT, we first need to find the cross-correlation of the random variable
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X and Y which is given as follows.

Ryx(m) = E[(x(t) ∗ h(t)) · x(t − m)]

= E[

∞
∑

i=0

(x(t − i)h(i))x(t − m)]

=
∞

∑

i=0

(E[x(t − i)x(t − m)]h(i))

= Rxx(m) ∗ h(m)

(3.2)

where Rxx(m) is the auto-correlation function of DUT. By taking the Fourier

transform, we can obtain the cross spectral density.

Syx(ω) = H(ω)Sxx(ω) (3.3)

In Equation 3.3, the power spectral density of X, Sxx(ω), can be calculated

a-priori, and the cross spectral density between X and Y , Syx(ω), can also be

calculated by post-processing the output random sequence Y with X. Then

we can find the transfer function H(ω) using Equation 3.3.

3.1.2 Issues in Applying Pseudorandom Test to Nonlinear Circuits

For non-LTI systems, the output random process Y is not a linear

transform of the input random process X [51]. In this case, the cross cor-

relation between the input and output corresponds to the first-order kernel

which represents the linear operation of the circuits. This means that the

conventional pseudorandom test cannot be applied to nonlinear circuits where

the second and higher order kernels play important roles in characterizing the

nonlinearity. Even in linear circuits, nonlinearity cannot be avoided due to
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various types of parasitics. This means that the conventional pseudorandom

test scheme may not be able to provide enough information about the DUT

in practical situations. Therefore the conventional pseudorandom test scheme

needs to be improved to capture the nonlinearity of the DUT.

3.2 Review of the Volterra Series Model

The work presented in this chapter uses a Volterra series to model

nonlinear behaviors of DUTs. The Volterra series describes the output of a

nonlinear system as a sum of response of a first-order operator, a second-order

one and so on [57]. A general Volterra series can be represented by multi-

dimensional convolutions as follows.

y(t) =
N

∑

k=1

L
∑

τ1=0

· · ·
L

∑

τk=0

hk(τ1, · · ·, τk)x(t − τ1) · · · x(t − τk) (3.4)

where x and y are input and output, respectively, and hk represents the kth-

order Volterra kernel. Using the Volterra series model, the kth-order nonlinear

behavior can be described by the kth-order Volterra kernel.

It has been shown that a wide class of nonlinear systems can be rep-

resented as a Volterra series of finite order N and finite memory L [57]. Es-

pecially for most analog circuits which exhibit weakly nonlinear behavior, the

impact of the fourth and higher order nonlinearities on the performance mod-

eling is negligible [45]. Thus, in this chapter, we consider the Volterra series

up to the third order, and assume that the Volterra kernels are discrete in

time with finite memory length L. Moreover, it is assumed that the Volterra
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kernels are symmetric, which means that the Volterra kernel of each order,

hk(τ1, · · ·, τk), has same value regardless of permutation of indices, τ1, · · ·, τk.

This is common assumption when modeling nonlinear behavior of AMS circuits

using Volterra series [57].

Once the system model has been decided on, the next step is to come

up with an identification algorithm to find the values of model parameters.

In the case of the test methods presented in this chapter, the model parame-

ters refer to the values of Volterra kernels, and from a testing perspective, the

goal is to identify the Volterra kernels using the proper test stimulus applied

to the DUT and analyzing the resulting DUT outputs. Conventionally, the

values of Volterra kernels can be identified using either sinusoidal signals or

random (or pseudorandom) signals as input to the system. In the presented

work, a pseudorandom signal is used as a test stimulus based on two reasons.

First, the pseudorandom signal can be easily generated using a LFSR which is

commonly used in SOCs for various testing purposes [58]. Secondly, the pseu-

dorandom signal is essentially a spread-spectrum signal, and thus it covers a

wide range of frequencies. Therefore, using the pseudorandom signal, perfor-

mance parameters of the DUT in various frequency ranges can be character-

ized without frequency sweeping, and this will save the test time considerably.

When using a pseudorandom signal as the test input, conventionally, a cross-

correlation method is used to identify the values of the Volterra kernels. In

this method, each component of the kth-order Volterra kernel can be identified

using (k − 1)th-order cross-correlation between input and output [27].
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The issue with the conventional cross-correlation method is that the

computation complexity grows exponentially with the order of the Volterra

series. The kth-order kernel with memory length L has
(

L+k−1
k

)

components,

and to identify them all, it requires
(

L+k−1
k

)

cross-correlation calculations which

increase with the order, k, and the memory length, L. Moreover, the accuracy

of the cross-correlation method depends on the statistics of the input signal

which is supposed to have a Gaussian distribution. However, this requirement

is difficult to meet using the test stimulus generated from a simple LFSR.

Due to these issues, it is impractical to adopt the conventional identification

method directly in testing nonlinear devices.

3.3 Pseudorandom Test using a Multi-level Pseudoran-
dom Sequence

This section presents an efficient pseudorandom test algorithm for non-

linear circuits based on a simplified Volterra series model. The simplified

Volterra series model is employed to represent the nonlinear behavior of the

DUT in a linear fashion and to make it possible to reduce the complexity of

transfer functions up to the third order. Then the parameters of the Volterra

series (Volterra kernels) are identified using Pseudorandom Multi-level Se-

quences (PRMS). The PRMS have been used in the signal processing area

to find the Volterra kernels in a computationally efficient way [34]. A sim-

plified version of the PRMS is used in this research to make the test stimuli

generation scheme practical. Derived Volterra kernels are then used to predict
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the performance parameters of the DUT and also used to compensate for the

nonlinear errors of the DUT.

3.3.1 Volterra Kernel Identification based on a Simplified Volterra
Series Model

In order to reduce the complexity of the Volterra kernel identification,

we will assume that the only convolutions taken are those associated with

the power of the input sequence. Then the Volterra series can be written as

follows.

y(t) = h1(t) ∗ x(t) + h2(t) ∗ x2(t) + h3(t) ∗ x3(t) (3.5)

where h1, h2 and h3 correspond to the first, second and third order Volterra

kernels, respectively. For a memoryless nonlinear system, this gives an accurate

representation within the third order. As memory is introduced, there is a

degree of approximation introduced, although the reduction in computational

complexity is a desirable outcome [19]. The rest of this section presents the

Volterra kernel identification scheme based on the simplified Volterra series

model described above.

As in a conventional pseudorandom test, the input stimulus is a se-

quence of pseudorandom patterns x(t) generated from the pseudorandom sig-

nal generator which consists of an LFSR and a Digital-to-Analog Converter [35].

x(t) is set to have mean zero and variance σ2
x. Now, the input and output re-

lationship of the nonlinear DUT can be represented in a Volterra series as
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follows.

y(t) = h1(t) ∗ x(t) + h2(t) ∗ x2(t) + h3 ∗ x3(t) + N(t) (3.6)

where N(t) represents the output referred noise. In this section, it is assumed

that the noise process is independent and identically distributed (i.i.d.) with

mean zero and variance σ2
n. This is a reasonable assumption considering that

the output referred noise is usually modeled as white noise process which has

mean of zero by definition [45, 51]. Now, we can write the cross-correlation of

the input random sequence and the output random sequence as follows.

Ryx(m) = E[y(t)x(t − m)]

= h1(m) ∗ Rxx(m) + h2(m) ∗ Rx2x(m)

+ h3(m) ∗ Rx3x(m) + E[N(t)x(t − m)]

(3.7)

where Rxx(m) is the auto-correlation of x(t) while Rx2x(m) and Rx3x(m) are

cross-correlations of x2(t), x(t) and x3(t), x(t), respectively. The last term in

Equation 3.7 becomes zero since N(t) and x(t) are uncorrelated and x(t) has

mean zero as shown in the following equation.

E[N(t)x(t − m)] = E[N(t)]E[x(t − m)] = 0 (3.8)

Now, let us change the problem solving domain from the time region

to the frequency region, since this allows us to make use of well-known linear

algebra techniques in finding the Volterra kernels. The Fourier transform of

Ryx(m) is the cross spectral density of x(t) and y(t) which can be represented

as follows.

Syx(ω) = F(Ryx(m)) = H1(ω)Sxx(ω)

+ H2(ω)Sx2x(ω) + H3(ω)Sx3x(ω)
(3.9)
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Figure 3.1: Proposed Pseudorandom Test Scheme

where H1(ω), H2(ω) and H3(ω) correspond to frequency domain Volterra ker-

nels. Sxx(ω) is the power spectral density of x(t), and Sx2x(ω), Sx3x(ω) are the

cross spectral densities between x2(t), x(t) and x3(t), x(t) respectively. These

spectral density values can be easily calculated using the input and output

sequences. Then we have three unknown terms left in Equation 3.9. Note

that these unknown terms correspond to the Volterra kernels we need to find.

This tells us that two more equations linearly independent to Equation 3.9 are

required to identify all three Volterra kernels, H1(ω), H2(ω) and H3(ω). The

concept of the PRMS is used here to form these linearly independent equa-

tions [34]. At first, one set of pseudorandom patterns is generated and then

two more sets of pseudorandom patterns are generated by applying constant

gains to the first set of pseudorandom patterns. Figure 3.1 shows the proposed

test scheme using the PRMS. Assume that the gain is changed by factors of α

and β (α 6= β). Then the input and output relationships of the DUT can be
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represented as follows.

yα(t) = h3(t) ∗ (αx(t))3 + h2(t) ∗ (αx(t))2

+ h1(t) ∗ (αx(t)) + Nα(t)

yβ(t) = h3(t) ∗ (βx(t))3 + h2(t) ∗ (βx(t))2

+ h1(t) ∗ (βx(t)) + Nβ(t)

(3.10)

where yα(t) and yβ(t) are outputs of the DUT in response to the inputs xα(t)

and xβ(t) respectively. We can find the cross spectral densities between yα(t),

x(t) and yβ(t), x(t) using Equations 3.7 and 3.9. After some calculation,

Syαx(ω) and Syβx(ω) can be represented as follows.

Syαx(ω) = α2H1(ω) · Sxx(ω) + α3H2(ω) · Sx2x(ω)

+ α4H3(ω) · Sx3x(ω)

Syβx(ω) = β2H1(ω) · Sxx(ω) + β3H2(ω) · Sx2x(ω)

+ β4H3(ω) · Sx3x(ω)

(3.11)

We need to make sure that Equations 3.9 and 3.11 are linearly independent.

To check this property, let us write these equations in a matrix form, S = TH,

which can represented as follows.





Syx

Syαx

Syβx



 =





Sxx Sx2x Sx3x

α2Sxx α3Sx2x α4Sx3x

β2Sxx β3Sx2x β4Sx3x









H1

H2

H3



 (3.12)

where the transform matrix (T) can be decomposed as follows.

T =





1 1 1
α2 α3 α4

β2 β3 β4









Sxx 0 0
0 Sx2x 0
0 0 Sx3x



 (3.13)

28



Pseudorandom 
signal generator DUT Arithmetic unit

Volterra kernels,
Noise parameter

information

Performance
parameter
estimation

Signature Generation

Performance Prediction 

Parameters of input signal 
to be measured (amplitude,

frequency and etc.)
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In Equation 3.13, the first matrix is invertible since it is in the form of a

generalized Vandermonde matrix [16]. The second one is a diagonal matrix

with nonzero elements across the diagonal, so this one is also invertible [51].

Thus the transform matrix T is a non-singular and invertible matrix. This

means that the three equations that form the matrix equation in Equation 3.12

are linearly independent. Now that we know the transform matrix is invertible,

the Volterra kernels can be identified using the following equation.

H = T−1S (3.14)
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3.3.2 Noise Power Calculation

This section presents an efficient method to find the power of the noise

process N using pseudorandom sequences. In order to find the power of N , two

sets of identical pseudorandom sequence with the same length are applied to

the DUT. Then output of the DUT in each case can be represented as follows.

y1(t) = f(x(t)) + N1(t)

y2(t) = f(x(t)) + N2(t)
(3.15)

where the function f represents the nonlinear function of the DUT and N1(t)

and N2(t) are i.i.d random sequences that represent output referred noise in

each case. Note that the two random sequences N1(t) and N2(t) have the same

probability distribution since they are generated from the same noise process

N [51]. Now, by subtracting y1(t) from y2(t), we get the following result.

y2(t) − y1(t) = N2(t) − N1(t) = Ns(t) (3.16)

and the second moment of the Ns(t) is given as follows.

E[N2
s (t)] = E[(N2(t) − N1(t))

2]

= E[N2
2 (t)] + E[N2

1 (t)] − E[N2(t)N1(t)]
(3.17)

In Equation 3.17, E[N2(t)N1(t)] can be decomposed into E[N2(t)]E[N1(t)]

since N1(t) and N2(t) are independent to each other, and thus uncorrelated

to each other. Now this term becomes zero since we already assume that

the mean of the noise process is zero, i.e., E[N2(t)] = E[N2(t)] = 0. Then,

Equation 3.17 can be simplified to the following equation.

E[N2
s (t)] = E[N2

2 (t)] + E[N2
1 (t)] = 2σ2

n (3.18)
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So, we can find the power of the output referred noise, σ2
n as

σ2
n = 0.5E[(y2(t) − y1(t))

2] (3.19)

3.3.3 Performance Prediction and Nonlinear Error Compensation

Once we find the information of the Volterra kernels and noise param-

eter as discussed in the Sections 3.3.1 and 3.3.2, we can use this information

to predict the performance of the DUT in response to various input signals.

Figure 3.2 describes the concept of using Volterra kernels and noise param-

eter information to predict the performance parameters of the DUT. Using

this concept, we can examine the performance of the DUT for various input

conditions without actually applying these inputs to the DUT. This will lead

us to characterize the behavior of the DUT accurately in a short period of

time. In addition to the parameter prediction, we can use the information

of the Volterra kernels to compensate for the performance deviation intro-

duced by the nonlinearity of the DUT [29]. The basic concept is to cancel out

the unwanted output response generated by the second-order and third-order
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Volterra kernels. Figure 3.3 describes the conceptual view of the nonlinear er-

ror compensation scheme. The following computation is done at the nonlinear

error compensation filter.

ỹ(t) = y(t) − h2(t) ∗ x2(t) − h3(t) ∗ x3(t) (3.20)

where h2(t) and h3(t) are the second and third order Volterra kernels.

3.3.4 Simulation Results

The pseudorandom test method described until now was applied to a

16-bit Sample and Hold Analog-to-Digital Converter (S/H ADC) with MAT-

LAB simulation. The ADC is modeled as shown in Figure 3.4 where the ADC

model is divided into two blocks: the first block models the dynamic nonlinear-

ity of the ADC which is represented as h(x), and the second block models the

ideal quantization process which is represented as q(x). Also, white Gaussian

noise, N(t), is added to the output of the nonlinear circuit. Then the output

noise nT (t) consists of the Gaussian noise, N(t), and the quantization noise,

nq(t), generated during the quantization process.
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This section consists of two parts. In the first part, the proposed

method is applied to find the Volterra kernels and noise parameter of the

ADC, and used this information to predict the performance parameters. In

the second part, the characterized information is used in the first part to com-

pensate for the nonlinear error of the ADC.

3.3.4.1 Performance Parameter Estimation

For simulation, 100 ensembles of the ADC model was generated by in-

troducing statistical variations with a Gaussian distribution in the parameters

of the nonlinear function, h(x), described in Figure 3.4. As mentioned earlier,

the presented test method requires pseudorandom sequences with three differ-

ent gains. Three Gaussian random sequences are generated to have zero mean

and standard deviations of 0.01Vref , 0.02Vref and 0.04Vref each, where Vref is

reference voltage of the ADC. 1000 samples of each sequence were taken at

the output of the ADC, and used to identify the Volterra kernels and noise

power. This information is used to predict values of Total Harmonic Distortion

(THD), Signal-to-Noise Ratio (SNR) and Signal-to-Noise and Distortion Ratio

(SNDR). Figure 3.5 shows the plots of the predicted versus the actual values

of the ADC performance parameters. Table 3.1 summarizes the mean error

of performance parameter prediction and correlation coefficients between the

predicted values and the actual values. Next, the information of the Volterra

kernels and the noise parameter are used to predict the performance of the

ADC in response to various input signals and compared the predicted values
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Figure 3.5: Comparison of actual and predicted values of THD, SNDR and
SNR
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Table 3.1: Mean Error and Correlation Coefficient of Performance
Parameter Prediction

Performance Parameter Mean Error Correlation Coefficient
THD 0.50dB 0.9951
SNDR 0.50dB 0.9950
SNR 0.51dB 0.9940

Table 3.2: Parameter Prediction Results for Various Input Conditions

Input Condition Mean Prediction Error
Frequency Amplitude THD SNDR SNR

0.01fs -10dBFS 0.64dB 0.59dB 0.36dB
0.001fs -10dBFS 0.54dB 0.53dB 0.43dB
0.1fs -20dBFS 0.66dB 0.27dB 0.27dB
0.01fs -20dBFS 0.55dB 0.32dB 0.32dB
0.001fs -20dBFS 0.64dB 0.28dB 0.28dB

with the actual values. Table 3.2 summarizes the mean error of parameter

prediction. We can see that the presented pseudorandom test method pre-

dicted the performance parameters of the ADC accurately for various input

amplitudes and frequencies without physically applying these inputs to the

ADC.

3.3.4.2 Nonlinear Error Compensation

As discussed in Section 3.3.3, we can compensate for the nonlinear er-

ror of the DUT by using the information of Volterra kernels. In this section,

compensation effectiveness is demonstrated on a sinusoidal test signal of am-

plitude −10dBFS and frequency 0.1fs where fs is the sampling frequency of

the ADC. Figure 3.8 (a) and (b) show the details of the effect of the nonlinear
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Figure 3.6: Details of Simulation Results in Frequency Domain: (a) Before
Compensation (b) After Compensation

Table 3.3: Performance Parameters of ADC: Before and After the
Nonlinear Error Compensation

Performance Parameter Before After
THD -13.87dB -49.66dB
SNDR 13.87dB 49.61dB

error compensation. It can be clearly seen that the second and third harmonic

components were reduced substantially after the compensation. This compen-

sation leads to a performance improvement of the DUT. In case of the ADC,

this improvement can be examined by looking at the values of THD and SNDR

which are summarized in Table 3.3.
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3.3.5 Summary

In Section 3.3, an efficient pseudorandom test methodology for nonlin-

ear circuits has been presented. The method described in this section uses

a simplified Volterra series model to characterize the nonlinear behavior of a

DUT. A sequence of multi-level pseudorandom signals is used as a test stim-

ulus to excite the nonlinear DUT over a wide range of frequencies. The cross

spectral density of the input and output are calculated, and used to identify

the Volterra kernels. The identified Volterra kernels are used to predict the

performance of the DUT and to compensate for the nonlinear errors. The

mathematical background and simulation results exhibit the validity of the

presented pseudorandom test method.

3.4 Pseudorandom Test using Higher-order Statistics

The previous section presented a pseudorandom test method to test

nonlinear devices using a simplified Volterra series model. While that method

extends the application of the pseudorandom test method to nonlinear circuits

while retaining the computation complexity in the linear region, it requires

multiple sets of the test stimulus with different amplitudes which can possibly

increase the test time in adjusting the amplitude to different values. Moreover,

in an effort to reduce the complexity, the method presented in the previous

section does not consider the memory effects of the nonlinear devices which

may lead to an insufficient characterization of AMS circuits.

This section presents a low-complexity algorithm to identify the param-
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eters of the general discrete-time Volterra series model using a single-amplitude

pseudorandom sequence. The theory of higher-order statistics is used in devel-

oping the proposed method to alleviate the complexity of the algorithm while

maintaining comparable accuracy to the conventional performance character-

ization methods. In the method explained in this section, all the calculations

required to identify the Volterra model are done in the time domain using a

reduced-complexity cross-correlation method which results in a decrease in the

test time. Moreover, in order to maintain good test accuracy, non-idealities

of pseudorandom test input have been analyzed and their effects are reflected

in the presented performance characterization algorithm. The validity of the

algorithm is verified using hardware measurement of an actual mixed-signal

circuit.

3.4.1 Review of Higher-order Statistics

Here, the basics of Higher-order Statistics (HOS) and higher-order mo-

ments which form the basis of the algorithm developed in this research are re-

viewed. The HOS measures are extensions of second-order measures to higher

orders. In the HOS, statistics of a kth-order system can be represented using

a kth-order cumulant which is defined by the cumulant-generating function as

follows [28].

C(τ ) = ln E{exp(jτ ′
x)} (x denotes a random process) (3.21)
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For a zero-mean random process, the cumulants up to the third-order can be

simplified as follows.

C1,x(τ) = E[x(τ)]

C2,x(τ1, τ2) = E[x(τ1)x(τ2)] − E[x(τ1)]E[x(τ2)]

C3,x(τ1, τ2, τ3) = E[x(τ1)x(τ2)x(τ3)]

−C2,x(τ1, τ2) − C2,x(τ2, τ3) − C2,x(τ3, τ1) − 3C3
1,x(τ)

(3.22)

where Ck,x represents the kth-order cumulant of the random process x. The

first-order and the second-order cumulants are nothing but mean and variance

of x, respectively. Also, it is shown in Equation 3.22 that the third-order

cumulant can be expressed with the third-order moment and the lower-order

cumulants. In fact, it is shown in [28] that a kth-order cumulant can be

expressed with a kth-order moment as well as (k − 1)th and lower order cu-

mulants. This means that the kth-order cumulant of the zero-mean random

process can be expressed with the kth-order moment, mean and variance.

Now, if x is a Gaussian random process, then kth-order cumulants of

x is zero for k ≥ 3 [28]. In this case, kth-order moments of x can be expressed
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as follows.

µk =0 (if k is an odd number)

µ2 =E[x(τ1)x(τ2)]

µ4 =E[x(τ1)x(τ2)x(τ3)x(τ4)]

=
4

∑

i,j,k,l=1:
i6=j 6=k 6=l

E[x(τi)x(τj)]E[x(τk)x(τl)]

µ6 =E[x(τ1)x(τ2)x(τ3)x(τ4)x(τ5)x(τ6)]

=

6
∑

i,···,n=1:
i6=···6=n

E[x(τi)x(τj)]E[x(τk)x(τl)]E[x(τm)x(τn)]

(3.23)

The results listed in Equation 3.22 have used frequently in developing the

algorithm explained in the following section.

3.4.2 Proposed Method

In the proposed method, a DUT is first excited once with a pseudo-

random sequence (x(t)). Then, the Volterra kernels of the DUT are identified

by post-processing the DUT responses (y(t)) and x(t), and are used to es-

timate the DUT performance. In this section, a low-complexity algorithm

for identifying the Volterra kernels is presented which is aimed at saving the

post-processing time. Additionally, a method to maintain good test accuracy

regardless of the statistics of the test input is presented. This enables us to

use a simple LFSR to generate the pseudorandom sequence.
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3.4.2.1 Even-order Volterra Kernel Identification

In order to reduce the complexity, the presented algorithm uses first-

order cross-correlations to identify the Volterra kernels instead of using time-

consuming higher-order cross-correlations used in conventional methods. This

is possible by using various combinations of input sequence products (which

called pattern combinations in this dissertation) to find the cross-correlation

values between the pseudorandom test input and the resulting DUT output.

To identify the even-order Volterra kernels (i.e., the second-order ker-

nel), the pattern combination can be used as follows.

xe
pc(t) = x(t)x(t + n) (3.24)

If we find the cross-correlation of y(t) and xe
pc(t), the responses of all the

odd-order Volterra kernels are suppressed due to the property of higher-order

moments explained in Equation 3.23. Then, the cross-correlation can be ex-

pressed as follows.

Re
yx(m) = E[y2(t)x

e
pc(t − m)] =

∑

τ1

∑

τ2

h2(τ1, τ2)µ
e
4 (3.25)

where y2(t) is the response of the second-order Volterra kernel.

y2(t) =
∑

τ1

∑

τ2

h2(τ1, τ2)x(t − τ1)x(t − τ2) (3.26)

Also, µe
4 is the fourth-order moment of x as follows.

µe
4 = E[x(t − τ1)x(t − τ2)x(t − m)x(t + n − m)] (3.27)
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The value of µe
4 is determined by n as follows.

µe
4 =



















σ4
x{δ(τ1 − m)δ(τ2 − m + n) + δ(τ1 − m + n)δ(τ2 − m)}

(if n 6= 0)

σ4
x{2δ(τ1 − m)δ(τ2 − m) + δ(τ1 − τ2)}

(if n = 0)

(3.28)

Using the fact that the second-order Volterra kernel is symmetric, and substi-

tuting Equation 3.28 into Equation 3.26 yields,

Re(i)
yx (m; n) =2σ4

xh2(m, m − n) (if n 6= 0)

Re(ii)
yx (m) =2σ4

xh2(m, m) + σ2
xE[y2(t)] (if n = 0)

(3.29)

Now, using Equation 3.29, we can find the values of the second-order Volterra

kernel as follows.

h̃2(m, m − n) =



















R
e(i)
yx (m; n)

2σ4
x

(if n 6= 0)

R
e(ii)
yx (m) − σ2

xE[y2(t)]

2σ4
x

(if n = 0)

(3.30)

Using this algorithm, the total number of cross-correlation calculations re-

quired to identify the second-order Volterra kernel with memory length L is
(

L

1

)

.

3.4.2.2 Odd-order Volterra Kernel Identification

The following pattern combination, xo
pc(t), is used to identify odd-order

Volterra kernels.
xo

pc(t) = x(t)x(t + n)x(t + p) (3.31)

The cross-correlation of y(t) and xo
pc(t) contains the information of the odd-

order Volterra kernels, while the information of all the even-order Volterra
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kernels is suppressed due to the property shown in Equation 3.23. Then, the

cross-correlation of y(t) and xo
pc(t) can be expressed as follows.

Ro
yx(m) = E[y(t)xo

pc(t − m)] =

∑

τ

h1(τ)µo
4 +

∑

τ1

∑

τ2

∑

τ3

h3(τ1, τ2, τ3)µ
o
6

(3.32)

where µo
4 and µo

6 are the fourth-order and the sixth-order moments of x, re-

spectively, as follows.

µo
4 = E[x(t − τ)x(t − m)x(t + n − m)x(t + p − m)]

µo
6 = E[x(t − τ1)x(t − τ2)x(t − τ3)x

o
pc(t − m)]

(3.33)

To identify the values of the first-order kernel, h1, and the third-order kernel,

h3, separately from Equation 3.32, a number of different cross-correlation cal-

culations are required listed as below.

Case1 : If m 6= n 6= p 6= m, µo
6 can be expressed as follows.

µo
6 = 6σ6

xδ(τ1 − m)δ(τ2 − m + n)δ(τ3 − m + p) (3.34)

Here, the third-order Volterra kernel is assumed to be symmetric. Also, in this

case, µo
4 = 0 due to the following property [28].

E[x(t − τ)x(t − m)x(t − m + n)x(t − m + p)] = 0

(if n 6= p, n 6= 0 and p 6= 0)
(3.35)

Then, Equation 3.32 can be expressed as follows.

Ro(i)
yx (m; n, p) = 6σ6

xh3(m, m − n, m − p) (3.36)
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Case2 : If n = p 6= m, µo
4 and µo

6 can be expressed as follows.

µo
4 =σ4

xδ(τ − m)

µo
6 =σ6

x{9δ(τ1 − m)δ(τ2 − m + p)δ(τ3 − m + p)

+3
∑

l:l 6=m−p

δ(τ1 − m)δ(τ2 − l)δ(τ3 − l)}

(3.37)

In this case, Equation 3.32 can be expressed as follows.

Ro(ii)
yx (m; p) =σ4

xh1(m) + 9σ6
xh3(m, m − p, m − p)

+3σ6
x

∑

l:l 6=m−p

h3(m, l, l)
(3.38)

Case3 : If n = p = 0, µo
4 and µo

6 can be expressed as follows.

µo
4 =3σ4

xδ(τ − m)

µo
6 =σ6

x{15δ(τ1 − m)δ(τ2 − m)δ(τ3 − m)

+9
∑

l:l 6=m

δ(τ1 − m)δ(τ2 − l)δ(τ3 − l)}

(3.39)

and Equation 3.32 can be expressed as follows.

Ro(iii)
yx (m) = 3σ4

xh1(m) + 15σ6
xh3(m, m, m) + 9σ6

x

∑

l:l 6=m

h3(m, l, l) (3.40)

Case4 : Finally, to complete the identification procedure, one more calculation

of cross-correlation between the output, y(t), and the input, x(t), is required.

Ro(iv)
yx (m) =E[y(t)x(t − m)]

=
∑

τ

h1(τ)µo
2 +

∑

τ1

∑

τ2

∑

τ3

h3(τ1, τ2, τ3)µ
o
4

(3.41)

In this case, µo
2 and µo

4 shown in Equation 3.41 can be expressed as follows.

µo
2 =σ2

xδ(τ − m)

µo
4 =σ4

x{3δ(τ1 − m)δ(τ2 − m)δ(τ3 − m)

+3
∑

l:l 6=m

δ(τ1 − m)δ(τ2 − l)δ(τ3 − l)}

(3.42)
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Thus, in this case, Equation 3.32 can be simplified as follows.

Ro(iv)
yx (m) =σ2

xh1(m) + 3σ4
xh3(m, m, m)+3σ4

x

∑

l:l 6=m

h3(m, l, l) (3.43)

Now, using Equations 3.36, 3.38, 3.40 and 3.43, the values of the third-order

Volterra kernel can be calculated as follows.

h̃3(m, m − n, m − p) =



























































1

6σ6
x

{Ro(iii)
yx (m) − 3σ2

xR
o(iv)
yx (m)}

(if n = 0, p = 0)

1

6σ6
x

{Ro(i)
yx (m; n, p)}

(if n 6= 0, p 6= 0, n 6= p)

1

6σ6
x

{Ro(ii)
yx (m; p) − σ2

xR
o(iv)
yx (m)}

(if n = 0, p 6= 0)

(3.44)

Also, the first-order Volterra kernel can be calculated using Equations 3.43

and 3.44 as follows.

h̃1(m) =
1

σ2
x

{Ro(iv)
yx (m) − 3σ4

xh̃3(m, m, m)

−σ4
x

∑

p:p6=0

h̃3(m, m − p, m − p)}
(3.45)

Using the method presented above, the total number of cross-correlation cal-

culation required to identify the first and the third-order Volterra kernel with

memory length L is
(

L+2−1
2

)

+ 1.

3.4.2.3 Non-Gaussian Pseudorandom Sequence

So far, it is assumed that a pseudorandom sequence has a Gaussian

distribution. The accuracy of the identification algorithm is decreased if the
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distance of the statistics of pseudorandom sequence from the Gaussian is in-

creased. However, it is difficult to generate a Gaussian-distributed pseudo-

random sequence using a general-purpose LFSR, since it requires complex

processing to get a true Gaussian distribution, which increases the complexity

of the LFSR by a large amount.

If the pseudorandom sequence, x(t), does not have a Gaussian distri-

bution, then the kth-order cumulant of x(t) is not zero for k ≥ 3 and it can

be expressed as follows.

Ck,x(τ1 · · · τk) = E[x(τ1) · · · x(τk)] − E[g(τ1) · · · g(τk)] (3.46)

where g(t) is a Gaussian random process with the same statistics as x(t) [28].

In this case, the higher-order moment equations shown in Equation 3.23, which

form base of the presented algorithm, are untenable, and thus, those equations

should be modified properly. In order to take the non-Gaussian distribution

of the pseudorandom sequence into consideration, the adjust parameter, αk,

is used which measures the difference between the distribution of the pseudo-

random sequence and the Gaussian distribution.

αk =
E[x(τ1) · · · x(τk)] − E[g(τ1) · · · g(τk)]

σk
x

(3.47)

Since the statistics of x(t) and g(t) are known values, we can calculate the

values of αk a priori and use it to adjust the values of higher-order moments

as follows.

µ′
4 =µ4 − α4σ

4
x, µ′

6 =µ6 − α6σ
6
x (3.48)
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Figure 3.7: Second-order System with Memory Length L = 3

Then, by replacing the values of the higher-order moments (µ4 and µ6) used

in the algorithm with the adjusted values (µ′
4 and µ′

6), we can obtain an accu-

rate result of the Volterra kernel identification even when the pseudorandom

sequence does not have an ideal Gaussian distribution.

3.4.2.4 Calculation of Compressed Cross-correlation Series

Using the Volterra kernel identification method presented so far, the

total number of cross-correlation calculations required is
(

L

1

)

+
(

L+2−1
2

)

+ 1.

While this number is smaller than the number of calculations required for the

conventional method, it still increases quadratically with memory length L

which results in increasing the test time. This section presents an algorithm

to reduce the time required to identify the Volterra kernels by calculating

multiple cross-correlation equations simultaneously.

To explain this method, at first, the brief review of properties of the

cross-correlation is presented with an example shown in Figure 3.7. The sys-

tem, h2, shown in Figure 3.7 is represented by the second-order transfer func-

tion with memory length L = 3 while the input to the system, x(t), is a
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zero-mean maximum-length sequence with length 214−1 generated from a 14-

bit LFSR. Since x(t) is a maximum-length sequence, the auto-correlation of

x(t) (Rxx(m)) is a close approximation of the Kronecker delta function which

exhibits peak value only when m = 0. Moreover, the cross-correlation be-

tween x(t) and y(t) of the example shown in Figure 3.7 exhibits peak values

only for a few points which correspond to the system transfer function, h2,

while exhibits values close to zero (which called noisy values in this section)

for all other points. This can be seen in Figure 3.8(a) which shows the cross-

correlation between x(t) and y(t). In the proposed algorithm, the noisy values

shown in Figure 3.8(a) are not required, and thus, two or more series of cross-

correlation can be superposed on each other if we can introduce a delay on each

cross-correlation series such that the peak values of one series are superposed

on the noisy values of other series.

In order to compress multiple cross-correlation series, multiple pattern

combinations, each with different delay (dk or dl) are combined as follows.

xcc(t) =
∑

l

x
o(l)
cd (t − dl) +

∑

k

x
e(k)
cd (t − dk) (3.49)

The cross-correlation of xcc(t) and y(t) can be expressed as follows.

E[y(t)xcc(t − m)] =
∑

k

∑

τ1

∑

τ2

h2(τ1, τ2)µ
(k)
4

+
∑

l

{
∑

τ

h1(τ)µ
(l)
4 +

∑

τ1

∑

τ2

∑

τ3

h3(τ1, τ2, τ3)µ
(l)
6 }

µ
(k)
4 = E[x(t − τ1)x(t − τ2)x

e(k)
pc (t − m − dk)]

µ
(l)
4 = E[x(t − τ)xo(l)

pc (t − m − dl)]

µ
(l)
6 = E[x(t − τ1)x(t − τ2)x(t − τ3)x

o(l)
pc (t − m − dl)]

(3.50)
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Figure 3.8: Cross-correlation Example
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Each term of the summation in Equation 3.50 represents an independent cross-

correlation equation (such as Equation 3.25 or 3.32) delayed by dk or dl. Thus,

Equation 3.50 contains k + l different cross-correlation equations which are

calculated together under one combined equation.

Let us apply the compressed cross-correlation method to the example

shown in Figure 3.7. Based on the algorithm presented in the Sections 3.4.2.2

and 3.4.2.3, it is required to calculate three different cross-correlation equations

to identify the second-order transfer function with memory length 3 featured

in this example. Then, we can use the following sequence to find the values of

three different cross-correlation series simultaneously.

xcc(t) = x(t)2 + x(t)x(t − 1 − 50) + x(t)x(t − 2 − 50 ∗ 2) (3.51)

Figure 3.8(b) shows the cross-correlation between xcc(t) and y(t). As we

can see from that figure, by introducing the delay of 50 between each cross-

correlation series, we can combine multiple cross-correlation series into one

equation, and can acquire the required information out of the combined equa-

tion.

3.4.3 Experimental Results

The method described in this section was applied to characterize the

performance of a 14-bit DAC from Analog DevicesTM. Figure 3.9 depicts the

measurement setup. To generate a pseudorandom sequence, a 12-bit LFSR

was designed and loaded on to a FPGA board. The LFSR was built using a
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Figure 3.9: Measurement Setup
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14-stage maximum-length sequence generator and phase shifters as shown in

Figure 3.10. The phase shifters were used to break the correlation between

the subsequent patterns generated by the maximum-length sequence generator.

The LFSR used in this measurement required only a few tens of logic gates

and latches. The total area is 465µm2 in case a 130nm technology is used.

Thus, it can be observed the area overhead of the LFSR is small for practical

cases. The analog output of the DAC was captured by a digital oscilloscope

and post-processed using MATLAB.

Figure 3.11 shows the test and validation flow. First, specifications of

the DUT (SNR and THD) were predicted using the estimated DUT model

built from the pseudorandom test method. Next, to validate the predicted

specifications, actual specifications of the DUT were measured using the si-

nusoidal wave (test stimulus) generated from the FPGA board. Noise power

of the DUT is required in calculating the SNR. We can calculate the noise

power by analyzing the DUT output in response to a pair of identical pseu-

dorandom sequence (that are applied the DUT subsequently) as described in

Section 3.3.2.

Table 3.4 (25MHz sampling) and 3.5 (50MHz sampling) summarize the

predicted and the actual values of SNR and THD for various cases with dif-

ferent input amplitudes and frequencies. In the experiment shown in each

table, the test method developed in this research required a single measure-

ment with the pseudorandom sequence to predict the specification values for

various cases. On the other hand, the conventional test method requires sepa-
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rate measurements for each case, which results in multiple measurements with

different sinusoidal inputs. As we can see from the tables, the predicted and

the actual values are well correlated for most cases. All the prediction errors

were held within 3.6dB of the actual values for the DUT1.

In the experiment described above, a Volterra series model with a mem-

ory length of 5 is used, which meant that we needed to calculate a total of 21

cross-correlation equations. This number is reduced by using the compressed

cross-correlation method and calculating multiple cross-correlation values si-

multaneously. Figure 3.12 depicts the measurement results with different num-

bers of cross-correlation calculations. A lower number of cross-correlation cal-

1Note that the specification values shown in the Table 3.4 and 3.5 are smaller than those
in the actual specification sheet; this is because the signal generated from the FPGA board
has an effective resolution of 8 bits.
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Table 3.4: Hardware Measurement Data - the DUT operating at 25MHz

Input Input
Specification

Actual Predicted Error
Frequency Amplitude value (dB) value (dB) (dB)

50kHz 0dBFS
SNR 34.77 32.44 2.33
THD −27.65 −26.69 0.96

50kHz −6dBFS
SNR 28.79 26.05 2.73
THD −28.01 −28.77 0.76

250kHz 0dBFS
SNR 33.76 31.82 1.95
THD −37.81 −37.24 0.57

250kHz −6dBFS
SNR 26.93 25.07 1.86
THD −38.31 −41.89 3.58

500kHz 0dBFS
SNR 33.43 31.02 2.41
THD −36.17 −37.36 1.19

500kHz −6dBFS
SNR 27.54 25.00 2.54
THD −45.01 −43.07 1.94

Table 3.5: Hardware Measurement Data - the DUT operating at 50MHz

Input Input
Specification

Actual Predicted Error
Frequency Amplitude value (dB) value (dB) (dB)

100kHz 0dBFS
SNR 34.49 32.28 2.21
THD −26.22 −24.31 1.91

100kHz −6dBFS
SNR 28.61 26.03 2.58
THD −21.32 −21.14 0.18

250kHz 0dBFS
SNR 33.91 31.46 2.45
THD −36.56 −35.77 0.79

250kHz −6dBFS
SNR 28.06 25.39 2.67
THD −35.99 −35.18 0.81

500kHz 0dBFS
SNR 33.51 31.28 2.23
THD −38.44 −37.09 1.35

500kHz −6dBFS
SNR 27.60 25.12 2.48
THD −34.34 −37.67 3.33
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Figure 3.12: Characterization Time Reduction and Prediction Error

culations means more cross-correlation series were compressed together and

calculated simultaneously. The bar graph exhibits the average prediction er-

rors of the THD estimation for the various cases shown in Table 3.4, and the

line graph exhibits the processing time which is normalized to that of the case

when 21 cross-correlation calculations were required (i.e., no compression was

made). From Figure 3.12, it can be observed that the characterization time

decreased by 70% using the new method while the error increased only by a

small amount.

3.4.4 Summary

In Section 3.4, an efficient pseudorandom test method for nonlinear

AMS circuits has been discussed. The method described in this section uses
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a Volterra series to model nonlinear behaviors of a DUT accurately. A pseu-

dorandom signal is used as a test stimulus to excite the nonlinear DUT and

find parameters of the Volterra series which are used to estimate the vari-

ous performance parameters of the DUT. Since the presented method uses

a single excitation of the DUT with a pseudorandom signal to characterize

its performance at multiple frequencies, the test time is reduced considerably.

In addition, the pseudorandom signal is easily generated using a LFSR which

makes the presented pseudorandom test method extendable to embedded AMS

circuits without increasing the test cost. Experimental results show that the

method developed in this research estimates the performance of a DUT within

3.6dB of the actual values.
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Chapter 4

Parallel Test of Analog and Mixed-Signal

Circuits

This chapter presents parallel test algorithms for AMS circuits and

discusses how these algorithms can be used to save the test time in finding

the performance parameters of the multiple DUTs. The algorithms presented

in this chapter aim to increase the test throughput by testing multiple DUTs

at the same time using a common test setup while not compromising the test

accuracy.

There are two parallel test methods presented in this chapter. The first

method (parallel loopback test) presented in Section 4.1 configures multiple

loopback paths using pairs of ADCs and DACs. In this method, a single-

tone sinusoidal signal is used as a test stimulus and simple analog circuits

are used to solve the fault masking problem. The second method (parallel

pseudorandom test) presented in Section 4.2 employs a pseudorandom signal

to test multiple AMS circuits simultaneously, and uses statistical properties

of the pseudorandom signal to solve the fault masking issue. The parallel

pseudorandom test requires only a single measurement to test multiple DUTs,

and thus the test throughput can be increased by a factor of N compared
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to conventional test method, where N is the total number of DUTs tested

simultaneously. In contrast, in the parallel loopback test, the test throughput

can be increased up to a factor of two. Hence, the parallel loopback test can

be used in cases where the digital-in/digital-out test environment is desired to

reduce the test cost along with increasing the test throughput while the parallel

pseudorandom test can be used in cases where increasing the test throughput

is a primary objective.

4.1 Parallel Loopback Test of Mixed-Signal Circuits

This section presents an efficient parallel test algorithm, called parallel

loopback test which increases the level of parallelism in a mixed-signal test

without suffering from the fault masking problem. This test algorithm is

targeted to parallel testing of multiple mixed-signal circuits in a loopback

mode. The example of testing a DAC and an ADC in the loopback mode is

presented in the following section. In the parallel loopback test, multiple sets of

the ADC/DAC pairs are tested in parallel using a common DUT board which

consists of a simple analog adder and an RMS detector. Outputs of the DACs

are connected to the inputs of the ADCs through the DUT board to form the

loopback path. The resulting test setup has digital inputs and digital outputs,

so expensive analog waveform generators and digitizers are not required in this

test algorithm. The test input comes from a digital signal generator which

can be shared among multiple DUTs. The individual performance parameters

of the DUTs are calculated by measuring and post-processing the loopback
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Figure 4.1: Proposed Parallel Loopback Test Scheme

responses captured at the output of the ADCs. The analog adder and the RMS

detector on the DUT board are used to extract the performance parameters of

multiple DUTs separately and to suppress the effect of the fault masking. This

technique can help reduce the cost and time of testing mixed-signal circuits

without compromising the test accuracy.

4.1.1 Harmonic Distortion Calculation

This section presents the parallel loopback test algorithm to character-

ize the harmonic distortion of DUTs. The explanations of the algorithm first

starts with two sets of ADC/DAC pairs and later extend the algorithm to test

more than two sets of ADC/DAC pairs. Figure 4.1 shows the parallel loop-

back test setup where two sets of ADCs and DACs are externally connected
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to the DUT board. In manufacturing test, we can use a DUT board or probe

card as the DUT board as shown in Figure 4.1. The DUT board has a simple

analog adder and an RMS detector which can be characterized prior to use.

Outputs of both DACs are connected to the adder and the output of the adder

is routed to both ADCs. Thus, the DUTs share a common loopback path and

there is one module, the analog adder, placed on the loopback path. Since

the analog adder can be easily designed to have good linearity [44], we can

assume that the harmonic distortion introduced by the adder is negligible2.

The input to each DAC is illustrated in Figure 4.2. The t notation is used in

the digital domain for simplicity. It can be seen that the input to both DACs

are the same except for the interval where there is no input to the DAC2 (time

interval A) and the DAC1 (time interval B). Thus, we can use one waveform

generator and a switch to route the input signal to each DAC.

To find the harmonic distortion parameters, first a sine wave input,

A cos(ωt), with amplitude A is applied to the DAC1 while the input signal path

to the DAC2 is disconnected at the switch (time interval A). The amplitude

can have any value as long as it does not saturate the ADCs during the time

interval C. Figure 4.2(a) shows the test setup during the time interval A. The

outputs of the loopback path I and II are as follows.

ŷlb1(t) = ylb1(t) + nlb1(t), ŷlb2(t) = ylb2(t) + nlb2(t) (4.1)

2Even if the adder introduces some nonlinearity, this can be readily characterized since
the adder is implemented on the DUT board.
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where nlb1(t) and nlb2(t) are the output noise of the loopback paths I and

II respectively. ylb1(t) and ylb2(t) are Taylor series expansions which can be

expressed as follows.

ylb1(t) = δ11A cos(ωt) + δ12A
2 cos2(ωt) + δ13A

3 cos3(ωt)

= (δ11A +
3δ13

4
A3) cos(ωt) +

δ12

2
A2 cos(2ωt) +

δ13

4
A3 cos(3ωt) (4.2)

ylb2(t) = δ21A cos(ωt) + δ22A
2 cos2(ωt) + δ23A

3 cos3(ωt) (4.3)

where the constants δ11 - δ23 are as follows.

δ11 = α1γ1, δ12 = γ1α2 + γ2α
2
1,

δ13 = γ1α3 + 2γ2α1α2 + γ3α
3
1,

δ21 = α1θ1, δ22 = θ1α2 + θ2α
2
1,

δ23 = θ1α3 + 2θ2α1α2 + θ3α
3
1

(4.4)

In the above equations, αi, γi and θi are the ith harmonic distortion coefficients

of the DAC1, ADC1 and ADC2 respectively3. Since we already know the value

of the input amplitude, A, we can find the values of δ11 - δ23 by measuring

the frequency response at ω, 2ω and 3ω. Next, the sine wave input is applied

to the DAC2 while the input signal path to the DAC1 is disconnected (time

interval B). The Taylor series expansion of the output of the loopback path

III, shown in Figure 4.2(b), is as follows.

ylb3(t) = δ31A cos(ωt) + δ32A
2 cos2(ωt) + δ33A

3 cos3(ωt) (4.5)

3In this section, harmonic distortions up to the third order are considered. However, the
presented performance characterization method itself is not limited to the third order and
it is straightforward to extend to higher orders.
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where the constants δ31, δ32 and δ33 are as follows.

δ31 = β1γ1, δ32 = γ1β2 + γ2β
2
1 ,

δ33 = γ1β3 + 2γ2β1β2 + γ3β
3
1 ,

(4.6)

and βi are the ith harmonic distortion coefficients of the DAC2. Finally, the

sine wave input is applied to both DACs during time interval C. Then, the

Taylor series expansion of the output of the loopback path IV is as follows.

ylb4(t) = δ41A cos(ωt) + (δ12 + δ32 + 2δ42)A
2 cos2(ωt)

+ (δ13 + δ33 + δ43)A
3 cos3(ωt)

(4.7)

where three constants δ41, δ42 and δ43 are as follows.

δ41 = (α1 + β1)γ1, δ42 = γ2α1β1,

δ43 = 3γ3α1β1(α1 + β1) + 2γ2(α1β2 + β1α2)
(4.8)

Using Equations 4.4, 4.6 and 4.8, we can formulate 11 linearly inde-

pendent equations. This means that we do not have sufficient equations to

find the values of all 12 harmonic distortion coefficients, α1−3, β1−3, γ1−3 and

θ1−3. Instead of finding absolute values of all 12 coefficients directly, we can

first express 11 coefficients in terms of the 1 remaining coefficient called the

reference variable. In the remainder of this section, α1 is used as the reference

variable. After several steps of calculations, we can formulate the following

equations from Equations 4.4, 4.6 and 4.8.




α1 β1

α2 β2

α3 β3



 =





1 Cβ1

Cα2
Cβ2

Cα3
Cβ3





[

α1 0
0 α1

]

(4.9)





γ1 θ1

γ2 θ2

γ3 θ3



 =







1
α1

0 0

0 1
α2

1

0

0 0 1
α3

1











Cγ1
Cθ1

Cγ2
Cθ2

Cγ3
Cθ3



 (4.10)
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where the values of Cα2−3
, Cβ1−3

, Cγ1−3
and Cθ1−3

can be expressed as Equa-

tion 4.11.

Cγ1
= δ11, Cβ1

=
δ31

δ11
.Cθ1

= δ21, Cγ2
=

δ11δ42

δ31
, Cα2

=
δ12 − Cγ2

Cγ1

, Cβ2
=

δ32 − C2
β1

Cγ2

Cγ1

,

Cγ3
=

δ43 − 2Cγ2
(Cβ2

+ Cβ1
Cα2

)

3Cβ1
(1 + Cβ1

)
, Cα3

=
δ13 − Cγ3

− 2Cγ2
Cα2

Cγ1

,

Cθ2
= δ22 − Cθ1

Cα2
, Cβ3

=
δ33 − C3

β1
Cγ3

− 2Cγ2
Cβ2

Cβ1

Cγ1

, Cθ3
= δ23 − Cθ1

Cα3
− 2Cθ2

Cα2

(4.11)

Now, if we can find the value of the reference variable (α1), all the harmonic

distortion coefficients can be calculated using Equations 4.9, 4.10 and 4.11. In

the parallel loopback test algorithm, an RMS detector is used to find the value

of the reference variable, α1. Using current technology, the RMS detector can

be designed to operate at speeds up to a few GHz while the detection error

can be held less than 5% [5, 52]. Also, the output of the RMS detector has a

DC value, and thus it can be measured using low-cost test equipment.

The DC values measured at the output of the RMS detector during the

time intervals A, B and C can be expressed as follows.

VRMS1 = [(
1

2
A2 +

3

8
(C2

α2 + 2Cα3)A
4

+
5

16
C2

α3A
6)α2

1 + v2
DAC1]

0.5
(4.12)

VRMS2 = [(
1

2
C2

β1A
2 +

3

8
(C2

β2 + 2Cβ3)A
4

+
5

16
C2

β3A
6)α2

1 + v2
DAC2]

0.5
(4.13)

VRMS3 = [(
1

2
(1 + Cβ1)

2A2 +
3

8
(C2

αβ2 + 2Cαβ3)A
4

+
5

16
C2

αβ3A
6)α2

1 + v2
DAC1 + v2

DAC2]
0.5

(4.14)
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Where Cαβ2 = Cα2+Cβ2 and Cαβ3 = Cα3+Cβ3. Also, v2
DAC1 and v2

DAC2 are the

output noise powers of the DAC1 and DAC2, respectively. It is assumed that

the output noise of DAC1 and DAC2 are uncorrelated to each other. Equations

4.12-4.14 are linearly independent, while there are three unknown variables,

α1, v2
DAC1 and v2

DAC2, in these equations. So, we can find the value of α1 using

Equations 4.12-4.14, and successively find the remaining values of the harmonic

distortion coefficients, α2−3, β1−3, γ1−3 and θ1−3, using Equations 4.9, 4.10

and 4.11.

The adder and the RMS detector used in this test algorithm can work

with different input frequencies without changing the configuration. This

means that this algorithm can be flexibly applied to various test setups without

reconfiguring the DUT board, and thus help reduce the test cost.

4.1.2 Noise Power Calculation

This section describes the algorithm to find the noise power of DUTs

using the parallel loopback test.

First, assume that
√

Kαγ is the overall gain of the loopback path which

consists of DAC1 and ADC1 (loopback path I at time interval A). The value

of
√

Kαγ can be calculated using the harmonic distortion coefficients found

using the algorithm explained in Section 4.1.1. Also, assume that nα(t) and

nγ(t) are the output referred noise of the DAC1 and ADC1 respectively. Then,

the output of the loopback path I can be expressed as follows.

ŷlb1(t) = ylb1(t) +
√

Kαγnα(t) + nγ(t) (4.15)
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where ylb1(t) is given in Equation 4.3 and two noise components, nα(t) and

nγ(t), are assumed to be uncorrelated with each other. By performing fre-

quency analysis at the output of the loopback path I, we can extract the noise

components from the signal tone and its harmonics, and calculate the noise

power [40]. The calculated noise power, v2
lb1, can be expressed as follows.

v2
lb1 =

∫ ∞

0

KαγNα(f)df +

∫ ∞

0

Nγ(f)df (4.16)

where Nα(f) and Nβ(f) are the Power Spectral Density (PSD) of the out-

put referred noise of the DAC1 and ADC1 respectively. Applying similar

approaches to the loopback path II at the time interval A, the loopback path

III at the time interval B and the loopback path IV at the time interval C, we

can formulate the following equations.

v2
lb2 =

∫ ∞

0

KαθNα(f)df +

∫ ∞

0

Nθ(f)df (4.17)

v2
lb3 =

∫ ∞

0

KβγNβ(f)df +

∫ ∞

0

Nγ(f)df (4.18)

v2
lb4 =

∫ ∞

0

[KαγNα(f) + KβγNβ(f)]df +

∫ ∞

0

Nγ(f)df (4.19)

where Nβ(f) and Nθ(f) are the noise PSD of the DAC2 and ADC2 respectively,

and v2
lb2, v2

lb3 and v2
lb4 are the output noise power of the loopback paths II, III

and IV respectively. Also, Kαθ and Kβγ are the overall gain of the loopback

paths consisting of DAC1/ADC2 and DAC2/ADC1, respectively. Now, using

the Equations 4.16 - 4.19, and given Kαγ, Kαθ and Kβγ, the noise power of
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each DUT can be calculated as follows.

∫ ∞

0

Nα(f)df =
v2

lb4 − v2
lb3

Kαγ
∫ ∞

0

Nβ(f)df =
v2

lb4 − v2
lb1

Kβγ
∫ ∞

0

Nγ(f)df = v2
lb1 + v2

lb3 − v2
lb4

∫ ∞

0

Nθ(f)df = v2
lb2 −

Kαθ

Kαγ

(v2
lb4 − v2

lb3)

(4.20)

Now that we have found the harmonic distortion parameters and the noise

power, we can calculate the performance parameters of each DUT such as

SNR, SNDR, THD, etc. [11]. Also, these results can be used to characterize

the amplitude mismatch between different ADCs or different DACs which is

an important parameter in RF/Audio CODEC where there are normally two

sets of the ADCs and DACs used for the I and Q channels.

4.1.3 Parallel Loopback Test Algorithm for Multiple DUTs

So far, the parallel loopback test algorithm has been presented which

can test two sets of ADC/DAC pairs in parallel using a common test equipment

including a DUT board. This algorithm can be easily extended to the case

where there are more than two sets of ADC/DAC pairs. This section describes

the extension of the parallel loopback test algorithm that can be used to test

multiple DUTs with a common test equipment.

Figure 4.3 shows the case where there are N sets of ADC/DAC pairs

tested in parallel (2N DUTs total). The maximum number of DUTs that can
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be tested in parallel depends on the driving capacity of the analog adder the

dynamic range of the ADCs. In this section, it is assumed that the adder can

drive N DUTs in parallel and the output of the analog adder does not saturate

the ADC. Also, note that, although the example of testing the same number

of the DACs and ADCs is presented in this section, this number does not have

to be same.

First, the harmonic distortion coefficients and the noise power of the

DAC1, DAC2, ADC1 and ADC2 are measured using the procedure described

in the previous sections. Next, the harmonic distortion coefficients of all the

remaining ADCs can be characterized by examining the measured output re-

sponses at each ADC during the time interval A. Note that this step does

not require additional test inputs to the DUTs. For example, the following

equation describes the output of the ADCN at the time interval A.

ylbN(t) =α1ρ1 cos(ωt) + (ρ1α2 + ρ2α
2
1) cos2(ωt)

+ (ρ1α3 + 2ρ2α1α2 + ρ3α
3
1) cos3(ωt)

(4.21)

where ρi is the ith harmonic distortion coefficient of the ADCN . Since we

already know the value of the α1, α2 and α3, we can calculate the harmonic

distortion coefficients of the ADCN from Equation 4.21. The output noise

power of the loopback path AN shown in Figure 4.3(a) can also be calculated

and expressed as follows.

v2
lbN =

∫ ∞

0

KαρNα(f)df +

∫ ∞

0

Nρ(f)df (4.22)

Now using the values of
∫ ∞

0
Nα(f)df , v2

lbN and Kαρ which we already know, we
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can calculate the noise power of the DACN ,
∫ ∞

0
Nρ(f)df . The same approach

can be applied to all the remaining ADCs.

We can use a similar approach to find the harmonic distortion coef-

ficients and the noise power of the remaining DACs. The difference is that,

this time, a digital sine wave input, cos(ωt), should be applied to the DAC

that we want to test. For example, to find the performance parameters of the

DACN shown in Figure 4.3(b), the sine wave input is applied to the DACN

and the output of the loopback path CN , ylbCN(t), is captured at the ADC1.

Now, by post-processing the output, ylbCN(t), we can formulate the Taylor

series expansion and noise equation similar to Equations 4.21 and 4.22. Since

we already know the harmonic distortion coefficients (γ1, γ2 and γ3) and the

noise power (
∫ ∞

0
Nγ(f)df) of the ADC1, we can use this information to find

the harmonic distortion coefficients and the noise power of the DACN .

4.1.4 Simulation Results

The method described in this section was applied to a 14-bit DAC and

a 14-bit Sample and Hold ADC with MATLAB simulation. The ADC and

the DAC are modeled as shown in Figure 4.4. The ADC model is divided

into two blocks: the first block models the dynamic nonlinearity of the ADC

which is represented as hadc(x), and the second block models the quantization

process which is represented as q(x). Also, the ADC is assumed to be noisy,

and white Gaussian noise, nawgn(t), is added to the output of the ADC model.

Thus, the output noise Nadc(t) consists of the Gaussian noise, nawgn(t), and
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Figure 4.4: Nonlinear ADC and DAC Model

the quantization noise, nq(t), generated during the quantization process. The

DAC is modeled similar to the ADC, except that there is no quantization block

in the DAC model.

For simulation, 100 ensembles of the ADC and the DAC models were

generated by introducing statistical variations with a Gaussian distribution

in the parameters of nonlinear functions, hadc(x) and hdac(x), and power of

the additive noise, nawgn(t) described in Figure 4.4. Two sets of ADC and

DAC pairs were used to set up the parallel loopback scheme as shown in

Figure 4.1 and three performance parameters (SNR, THD and SNDR) were

measured using the proposed algorithm. Figure 4.5 to 4.7 shows the plots of

the predicted versus the actual values of each DUT performance parameter.

Table 4.1 summarizes the mean and standard deviation of errors be-

tween the predicted values and the actual values of performance parameters.

72



55 60 65
55

60

65

Actual Value (dB)

Pr
ed

ic
te

d 
V

al
ue

 (d
B)

DAC1

55 60 65
55

60

65

Actual Value (dB)

Pr
ed

ic
te

d 
V

al
ue

 (d
B)

DAC2

55 60 65
55

60

65

Actual Value (dB)

Pr
ed

ic
te

d 
V

al
ue

 (d
B)

ADC1

55 60 65
55

60

65

Actual Value (dB)

Pr
ed

ic
te

d 
V

al
ue

 (d
B)

ADC2

Figure 4.5: Comparison of Actual and Predicted Performance Parameters
(SNR)
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Figure 4.6: Comparison of Actual and Predicted Performance Parameters
(THD)
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Figure 4.7: Comparison of Actual and Predicted Performance Parameters
(SNDR)

It can be seen from the results that prediction errors were less than 2dB in all

cases.

Next, the proposed algorithm is applied to the case where there are 10

DUTs (5 ADCs and 5 DACs). Figure 4.8 shows the mean and the standard

deviation of prediction errors. We can see that the prediction errors did not

increase compared to the case where there were 4 DUTs and this means that

the proposed algorithm works well with the increased number of DUTs. It

can also be seen that there was no considerable variation in estimation errors

among the different DUTs, and this shows that the test order among different

DUTs does not affect the test accuracy.

Finally, the resolutions of the DACs and ADCs were varied to see how
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Table 4.1: Mean and Standard Deviation of Performance Parameter
Prediction Error

Parameter DAC1 DAC2 ADC1 ADC2

SNR
Mean 0.37dB 0.38dB 0.41dB 0.45dB
STD 0.65dB 1.13dB 1.07dB 0.90dB

THD
Mean 0.31dB 0.32dB 0.40dB 0.34dB
STD 0.40dB 0.48dB 0.60dB 0.43dB

SNDR
Mean 0.21dB 0.19dB 0.19dB 0.24dB
STD 0.37dB 0.31dB 0.29dB 0.35dB

these variations affect the test accuracy. This is important since the resolution

of the loopback response is limited by the resolution of data converters and

this can affect the test accuracy. The resolutions were changed from 10 bits to

14 bits, and the performance parameters were measured in each case. A test

setup with two DACs and two ADCs was used for this simulation. Table 4.2

summarizes the mean and standard deviation of prediction errors in various

cases. The values in Table 4.2 are averaged values across the four DUTs (two

ADCs and two DACs). The results indicate that prediction errors are less than

3dB while maximum error occurred when the DAC had 10 bit resolution. It

also indicates that the resolution of the DAC is more critical for the accuracy

than the resolution of the ADC.

4.1.5 Summary

In Section 4.1, an efficient parallel test methodology for mixed-signal

circuits has been discussed. The algorithm presented in this section can be

used to characterize performance parameters of DUTs accurately using digital
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Table 4.2: Prediction Error of Parallel Test in Various ADC/DAC
Resolution

Resolution SNR THD SNDR

ADC DAC Mean STD Mean STD Mean STD

12bit 14bit 0.35dB 0.73dB 0.34dB 0.50dB 0.16dB 0.20dB
14bit 12bit 0.57dB 0.79dB 0.38dB 0.55dB 0.34dB 0.39dB
12bit 12bit 0.60dB 0.98dB 0.39dB 0.54dB 0.36dB 0.46dB
10bit 14bit 0.30dB 0.55dB 0.45dB 0.70dB 0.19dB 0.28dB
14bit 10bit 0.92dB 1.94dB 0.87dB 1.07dB 0.79dB 1.06dB
10bit 10bit 0.90dB 1.41dB 0.90dB 1.19dB 0.77dB 1.00dB
10bit 12bit 0.51dB 0.61dB 0.35dB 0.38dB 0.29dB 0.27dB
12bit 10bit 1.16dB 1.71dB 0.88dB 0.92dB 0.89dB 1.11dB

test equipments and a DUT board shared among multiple DUTs. A single tone

digital sine wave is applied to the DUTs in loopback mode and the resulting

digital output response is used to characterize the performance of each DUT

separately. The DUT board which contains a simple analog adder and an

RMS detector is used to estimate the performance parameters of the multiple

DUTs accurately without being affected by the fault masking problem. The

presented parallel loopback test algorithm does not depend on the types of

DUT being tested, and can thus be applied to general mixed-signal circuits to

help reduce the test cost and time. Mathematical derivations and simulation

results show the validity of the algorithm.

4.2 Parallel Test of AMS Circuits using Pseudorandom
Signals

This presents the parallel test method for analog and mixed-signal cir-

cuits using a pseudorandom signal. The contribution of the work presented
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in this section is to develop an efficient parallel test method which can char-

acterize the performance parameters of multiple DUTs simultaneously using

a common test setups and reduced number of test measurements. This has

been achieved by exploiting the properties of the pseudorandom signal which

exhibits spread-spectrum characteristics.

Section 4.2 is organized as follows; Section 4.2.1 reviews important

properties of the pseudorandom signal which are used to develop the proposed

method and Section 4.2.2 presents the parallel pseudorandom test method,

detailing its topology and mathematical basis. In Section 4.3.3, the experi-

mental results are presented, and the summary of this research is presented in

Section 4.3.4.

4.2.1 Spread-spectrum Properties of Pseudorandom Signal

A pseudorandom signal generated from a LFSR has the property of be-

ing spread-spectrum which means that a spectrum power of the pseudorandom

signal is spread over wide range of frequencies. One important characteristics

of the spread-spectrum (or pseudorandom) signal is that it appears to be a

random noise in the frequency band it spans. Thus, it can be transmitted

with other signals that occupy the same frequency bandwidth with minimum

influence on the error rate of those signals. Due to this property, the spread-

spectrum signal has been widely used as a channel coding scheme in mul-

tiuser communication systems to increase the signal bandwidth per user while

not increasing the signal power [41]. Another important characteristic of the
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spread-spectrum signal is that it has an i.i.d. (independent and identically-

distributed) property which means that the different pseudorandom sequences

generated using different LFSR seed values are statistically independent to

each other.

The properties described above allow a number of distinct pseudoran-

dom signals which span a common frequency band and a common time slot

to be combined together while preserving their individual property. The in-

formation embedded in each pseudorandom signal can be recovered from a

combined signal using a cross-correlation method. For example, let us assume

that N number of pseudorandom signals, which can be generated using the

different LFSR seed values, are combined together to generate a composite

signal, xc(t), as follows.

xc(t) =

N
∑

k=1

fLFSR(sk) =

N
∑

k=1

xk(t) (4.23)

where fLFSR represents the LFSR function that generates the pseudorandom

signals and sk represents the k-th seed value. Thus, the pseudorandom signals

(xk(t)) shown in Equation 4.23 are generated by the same LFSR but different

seed values.

To extract the information of particular pseudorandom signal (x1(t) =

fLFSR(s1)) from xc(t), the correlation of xc(t) and x1(t) can be used as follows.

E[xc(t)x1(t − n)] = E[x1(t)x1(t − n)] + E[
N

∑

k=2

xk(t)x1(t − n)] (4.24)

In Equation 4.24, E[
∑N

k=2 xk(t)x1(t−n)] becomes zero since xk(t) for different

k are i.i.d. random processes as explained previously. Thus, we can recover
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the information of x1(t) using the cross-correlation as follows.

x̃1(n) =
1

σ2
x

E[xc(t)x1(t − n)] (4.25)

Section 4.2.2 explains how the spread-spectrum properties of the pseu-

dorandom signal presented so far can be applied to characterize the perfor-

mance of multiple nonlinear AMS devices in parallel.

4.2.2 Parallel Pseudorandom Test

Figure 4.9 shows the proposed setup for the parallel pseudorandom test

in which N DUTs are tested simultaneously. The goal is to extract the infor-

mation of each DUT’s performance separately from the composite output, yc(t)

shown in Equation 4.9. To achieve this goal, the spread-spectrum properties of

the pseudorandom signal explained Section 4.2.1 and the pseudorandom test

method described in Section 3.4 are used to develop the efficient performance

characterization algorithm. Additionally, the Volterra series model described
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in Section 3.2 is used to represent the nonlinear behaviors of the DUTs accu-

rately.

As shown in Figure 4.9, a test stimulus generator and test response cap-

turing equipment are shared among multiple DUTs. We can see that the test

pattern generator consists of a LFSR and a delay chain. In Section 4.2.1, it is

explained that the pseudorandom sequences generated using different LFSR

seed values are uncorrelated to each other. In the proposed parallel pseudo-

random test method, instead of using different LFSR seed values to generate

multiple pseudorandom sequences, the delay chain is used to generate the

pseudorandom signals that are uncorrelated to each other. This reduces the

hardware complexity of the test stimulus generator, and makes it possible to

feed the test stimuli to multiple DUTs at the same time using the single test

stimulus generator. Each pseudorandom signal generated from the test stim-

ulus generator (x1(t) through xN (t) shown in Figure 4.9) is fed to a different

DUT, and the resulting outputs from each DUT are added together to gener-

ate the composite output signal yc(t). Using the Volterra series model, yc(t)

can be expressed as follows.

yc(t) =

N
∑

k=1

{
∑

τ

hk1(τ)x(t − τ) +
∑

τ1

∑

τ2

hk2(τ1, τ2)x(t − τ1)x(t − τ2)

+
∑

τ1

∑

τ2

∑

τ3

hk3(τ1, τ2, τ3)x(t − τ1)x(t − τ2)x(t − τ3)}

(4.26)

where hk1, hk2 and hk3 represent the first, second and third Volterra kernels of

the kth DUT (DUT k) respectively. In the rest of this section, algorithms to

identify the Volterra kernels of DUT 1 from Equation 4.26 will be discussed.
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Please note that the same method can be applied to other DUTs without

modification.

In order to extract the information of odd-order Volterra kernels (i.e.,

the first-order and the third-order kernels) and even-order Volterra kernel (i.e.,

the second-order kernel) from yc(t), two types of the pattern combination can

be used as follows.

xo
pc1(t) = x1(t)x1(t + n)x1(t + p)

xe
pc1(t) = x1(t)x1(t + n)

(4.27)

where x1(t) is the pseudorandom signal applied to the DUT 1 as shown in

Figure 4.9. First, to identify the odd-order Volterra kernels, xo
pc1(t) can be

used to calculate the cross-correlation as follows.

Ro
yx1(m) =E[yc(t)x

o
pc1(t − m)]

=
∑

τ

h11(τ)µo
4 +

∑

τ1

∑

τ2

∑

τ3

h13(τ1, τ2, τ3)µ
o
6

+
N

∑

k=2

{
∑

τ

hk1(τ)µo
k4 +

∑

τ1

∑

τ2

∑

τ3

hk3(τ1, τ2, τ3)µ
o
k6}

(4.28)

where µo
4 and µo

6 are the fourth-order and the sixth-order moments of x1(t)

which can be expressed as Equation 3.33. Moreover, µo
k4 and µo

k6 are the

fourth-order and the sixth-order moments which composed of x1(t) and xk(t)

as follows.

µo
k4 = E[xk(t − τ)x1(t − m)x1(t + n − m)x1(t + p − m)]

µo
k6 = E[xk(t − τ1)xk(t − τ2)xk(t − τ3)x1(t − m)x1(t + n − m)x1(t + p − m)]

(4.29)

Since the pseudorandom signals are i.i.d. random processes as explained in the

previous section, µo
k4 and µo

k6 become zero for all k other than k = 1. Then,
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we can simplify Equation 4.28 as follows.

Ro
yx1(m) = E[yc(t)x

o
pc1(t − m)]

=
∑

τ

h11(τ)µo
4 +

∑

τ1

∑

τ2

∑

τ3

h13(τ1, τ2, τ3)µ
o
6

(4.30)

We can see that Equation 4.30 is in the same form as Equation 3.32. Hence,

the Volterra kernel identification method described in Section 3.4.2.2 can be

used to find the odd-order Volterra kernels of the DUT 1 from Equation 4.30.

Next, we can use following cross-correlation equation to find the even-

order Volterra kernel of the DUT 1.

Re
yx1(m) = E[yc(t)x

e
pc1(t − m)]

=
∑

τ1

∑

τ2

h12(τ1, τ2)µ
e
4 +

N
∑

k=2

{
∑

τ1

∑

τ2

hk2(τ1, τ2)µ
e
k4}

(4.31)

where µe
4 is the fourth-order moment of x1(t) which can be expressed as Equa-

tion 3.27 and µe
k4 is the fourth-order moment which composed of x1(t) and

xk(t) as follows.

µe
k4 = E[xk(t − τ1)xk(t − τ2)x1(t − m)x1(t + n − m)] (4.32)

To identify the values of the second-order Volterra kernel, h12, two different

cross-correlation calculations are required listed as below.

Case1 : If n 6= 0 in Equation 4.32, µe
k4 becomes zero for k ≥ 2, because

in this case four pseudorandom sequences shown in Equation 4.32 are i.i.d.

random processes. Then, following the approach shown in Section 3.4.2.1,

Equation 4.31 can be expressed as follows.

R
e(i)
yx1(m; n) = 2σ4

xh12(m, m − n) (4.33)
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Case2 : If n = 0, the value of µe
k4 can be expressed as follows.

µe
k4 =

{

0 (if τ1 6= τ2)

σ4
x (if τ1 = τ2)

(4.34)

Then, Equation 4.31 can be expressed as follows.

R
e(ii)
yx1 (m) = σ4

xh12(m, m) + Nσ2
xE[yc(t)] (4.35)

Using Equations 4.33 and 4.35, we can identify the second-order Volterra kernel

of the DUT 1 as follows.

h̃12(m, m − n) =



















R
e(i)
yx (m; n)

2σ4
x

(if n 6= 0)

R
e(ii)
yx (m) − Nσ2

xE[yc(t)]

2σ4
x

(if n = 0)

(4.36)

Now, the performance of DUT1 can be separately characterized from

the composite response yc(t) using Equations 4.30 and 4.36.

4.2.3 Experimental Results

In the following section, simulation results and hardware measurement

results are presented to validate the presented parallel pseudorandom test

method.

4.2.4 Simulation Results

The method described above was applied to characterize the perfor-

mance of 12-bit DACs with MATLAB simulation. The DAC model used in

this simulation was same as the DAC model shown in Figure 4.4 in which
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Table 4.3: Mean and Standard Deviation of Performance Parameter
(THD) Prediction Error

Device Under Test Mean Standard Deviation
DUT1 3.12dB 2.90dB
DUT2 3.06dB 3.27dB
DUT3 3.04dB 2.42dB
DUT4 3.74dB 2.76dB

the nonlinearity of the DAC model is represented as hdac(x), and the white

Gaussian noise, nawgn(t), is added to the output response of the DAC. Four in-

stantiations of the DAC model were used to set up the parallel pseudorandom

test environment (i.e., N = 4 in Figure 4.9), and the THD values of each DAC

were measured using the proposed method. Moreover, the amounts of delays

between the pseudorandom sequences generated from the test stimulus genera-

tor were same as ten clock cycles in this simulation. (i.e., xk(n) = xk−1(n−10)

for k = 2, 3, 4)

For simulation, 100 ensembles of the DAC model were generated for

each DUT (DUT1 through DUT4) by introducing statistical variations with a

Gaussian distribution in parameters of nonlinear functions, hdac(x), and power

of the additive noise, nawgn(t) described in Figure 4.4. Figure 4.10 shows the

plots of the predicted versus the actual values of the THD for each DUT. Also,

Table 4.3 summarizes the mean and standard deviation of error in predicting

the THD values.
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Figure 4.10: Comparison of Actual and Predicted Values of THD
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4.2.5 Hardware Measurement Results

To verify the presented parallel pseudorandom test method in practical

test environment, the method was applied to characterize the performance of

12-bit current-steering DACs from Analog DevicesTM [1]. Figure 4.11 shows the

measurement setup. The LFSR was built using a 14-stage maximum-length

sequence generator and phase shifters as shown in Figure 3.10. In Figure 4.11,

the delay between two pseudorandom sequences (x1(n) and x2(n)) was equal to

ten clock cycles. (i.e., x2(n) = x1(n−10)) In this measurement, two DACs were

tested simultaneously. The outputs from these DACs were combined using a

50Ω resistor, and the combined output was captured by a digital oscilloscope

as shown in Figure 4.11. The test and validation flow for this measurement

was similar to the flow shown in Figure 3.11, while in this measurement, the

THD values of two DACs were predicted using the parallel pseudorandom test

method, and compared to the actual values measured using the conventional

test method.

Table 4.4 summarizes the predicted and the actual values of the THD

for various cases with different input frequencies. In Table 4.4, THD1 and

THD2 represent the THD values of the DUT1 and the DUT2 respectively. As

we can see from the table, the predicted and the actual values are well cor-

related for most cases, and the prediction errors are comparable to the single

DUT test case shown in Section 3.4.3. All the prediction errors are held within

2.8dB of the actual values for the DUTs. To calculate the specification param-

eters shown in Table 4.4, the parallel pseudorandom test method required a
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Table 4.4: Hardware Measurement Data - the DUT operating at 25MHz

Input Input
Specification

Actual Predicted Error
Frequency Amplitude value (dB) value (dB) (dB)

50kHz 0dBFS
THD1 −30.82 −28.10 2.72
THD2 −29.20 −29.00 0.20

100kHz 0dBFS
THD1 −28.69 −29.40 0.71
THD2 −29.13 −28.29 0.84

250kHz 0dBFS
THD1 −29.73 −29.06 0.67
THD2 −29.38 −28.12 1.26

500kHz 0dBFS
THD1 −30.89 −29.23 1.66
THD2 −29.54 −28.19 1.35

single measurement while the conventional method required separate measure-

ments for each case which results in eight measurements each with different

sinusoidal inputs.

4.2.6 Summary

Section 4.2 presents an efficient pseudorandom test method which is

aimed at characterizing the performance of multiple DUTs simultaneously.

The method presented in this section uses i.i.d. sequences of pseudorandom

signals, which can be generated using simple LFSR and a delay chain, to

excite multiple DUTs at the same time. The resulting test responses from

each DUT are added together to generate the composite test response which

can be captured using a single test equipment. The specification parameters

of each DUT are calculated separately using the spectral characteristics of

the pseudorandom signal. The parallel pseudorandom test method makes

it possible to test multiple DUTs using a single test setup with minimum
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overhead of extra test circuitry, and thus reduces the test time as well as the

test cost considerably. Experimental results exhibit good correlations with the

theory, and thus validate the efficiency of the proposed method.
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Chapter 5

At-speed Test of High-speed DUT using

Reconfigurable Built-off Test Interface

This chapter presents a flexible test structure which uses low-speed

ATE in testing high-speed DUT. The goal of this work is to enable the low-cost

ATE to actively control the at-speed test of high-speed DUTs, and monitor

the test procedure closely. The built-off test interface (BOTI) circuit has been

developed to achieve this goal.

As described in the Chapter 2, one of the main reasons for increasing

the ATE cost is the difficulty in sending high-speed signals along the long data

channels that lie between the ATE and the DUT. Figure 5.1 shows the typical

setup to test semiconductor devices in production using the ATE. The signals

communicated between the tester and the DUT should go through channel A

and channel B, and in most cases, the length of the channel A is much longer

than that of the channel B. The idea of using the built-off test interface is to

implement the test interface on the DUT board (such as WMB or PCB) and

use this interface to deal with the high-speed signals on the short channel B

while the tester handles only the low-speed signal to communicate with the

test interface on the long channel B. Under the test framework developed here,
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Figure 5.1: Practical Test Setup using the ATE

the ATE and the DUT are communicating through the BOTI module which

consists of reconfigurable Finite-State Machine (FSM) and Phase-Locked Loop

(PLL) to support seamless signal communication between two sides operating

at different frequencies. The low-cost ATE maintains the control of the high-

speed test procedures with the help of the BOTI module, and this makes the

proposed test method flexible and scalable to various applications. Also, in

order to maintain reliable off-chip signal communication, the off-chip channel

skew is measured and compensated on the BOTI module using an on-chip

Time-Domain Reflectometer (TDR) measurement circuit [18].

5.1 Architecture and Functionality of BOTI

As described in Figure 5.2, the BOTI module consists of three sub-

modules which are BOTI Controller, Clock Generator Module and I/O Skew
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Figure 5.2: Block Diagram of BOTI Module

Measurement & Compensation Module. The functionalities of each module

are explained in the following.

5.1.1 Clock Generator Module

As will be described later in this chapter, the BOTI requires high-speed

clock signals with several different phases in order to maintain accurate test

pattern generation and data read operations. The main goal of the Clock

Generator Module (CGM) is to generate these clock signals accurately using

control signals coming from the ATE. To achieve this goal, the CGM consists of

a Phase-Locked Loop (PLL) and a Delay-Locked Loop (DLL) as shown in Fig-

ure 5.3. The PLL synthesizes the high-speed clock signal using the low-speed

clock signal coming from the ATE as the reference, and feeds the synthesized

93



PLL DLLreference clock
(from ATE)

clock divider ratio (N)
(from BOTI controller)

6

clk0 
(system clock)
clk1 
(read clock)
clk2

clk3
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clock to the DLL. The frequency of synthesized clock can be modified on the

fly by controlling the clock divider, and a 6-bit register inside the CGM is used

to control the clock multiplication ratio, N , as shown in Figure 5.3. The DLL

can generate M number of output clock signals whose clock frequencies are

same as the clock input to the DLL, but has different phases. Thus, the phase

difference between each clock is 2π/M . The BOTI method explained in this

dissertation uses four clock signals with phase difference of 90 degree.

5.1.2 Skew Measurement & Compensation Module

In the proposed test framework, the BOTI circuit is implemented off-

chip, and thus test patterns have to go through the off-chip environment which

will increase the signal skew among different I/O channels. To compensate

this skew, in conventional test setup, the ATE measures the TDR for each

channel and adjusts timings of launching signals based on the results of the
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TDR measurements. Since the BOTI module is placed in between the ATE

and the DUT, the BOTI module should measure the off-chip signal skew by

itself, and this task is done by the Skew Measurement & Compensation Module

(SMCM) [18].

The SMCM is implemented on every I/O pad which communicates

with the DUT. At first, the SMCM launches a calibration signal to selected

I/O channels, and this signal is reflected at the other end of each I/O channel

due to a termination load. Figure 5.4 shows an example of the calibration

signal. At first when the calibration signal is launched, the signal level rises to

Vcal and stays flat until the reflected signal arrives. Once the reflected signal

arrives, the signal level starts to rise to I/O supply voltage level. Then, the
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SMCM measures the tch (the time required to reach the trigger voltage level

(Vtr) after launching the calibration signal) using a Vernier delay line, and the

measured value is saved in registers in each SMCM which called skew registers

in this dissertation.

When test patterns are launched to the DUT in normal operation mode,

they go through programmable delay line in each compensation module whose

delay is controlled by the value stored in the skew registers. Same adjustment

happens when the test response signals launched by the DUT are received at

the BOTI module. In a pre-silicon design stage, the maximum resolution of the

skew measurement and the compensation of the SMCM was set to 50ps. Due

to the inevitable process variation of the CMOS devices used in the SMCM,

the actual resolution can be worse than 50ps, and the detailed measurement

results are presented in the section 5.3.

5.1.3 BOTI Controller

The BOTI Controller (BOTC) has two objectives: the first is to decode

the test instructions coming from the ATE (ATE instructions) and generate

internal instructions that will be used inside the BOTI (BOTI instructions),

while the second is to control the operation of the BOTI based on the BOTI

instructions.

The main issue in decoding the ATE instructions comes from the fact

that, since the ATE is operated N times slower than the BOTI (and the DUT),

the ATE can only send the instructions to BOTI every N cycles of the BOTI
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Figure 5.5: Instruction Set for Memory Test

system clock, where N is the multiplication ratio explained in the section 5.1.1.

Unlike the self-test method, in which the self-test logic need not consider the

difference in operating speed between the ATE and the DUT since it just runs

the pre-determined test program from start to end, in the BOTI method, the

ATE has the main control over the test program, and thus the operation of the

BOTC should be controlled by the ATE instructions through the entire test

program. This means that i) the ATE instruction set should contain enough

information to run an at-speed test program which is running faster than the

update rate of the ATE instructions, and ii) the BOTC should process the

low-speed ATE instructions and produce the high-speed BOTI instructions

in accordance with the high-speed operation of the BOTI. The first issue is

discussed in this section, while the second issue is discussed in the section 5.2.

5.1.3.1 Test Pattern Generation

In many applications that requires at-speed test such as dynamic test of

AMS circuit or memory test, the test pattern has high regularity, which means
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that similar sets of test patterns are repeated for entire test program [58]. In

the BOTI method, this regularity is used to compress the information required

to run high-speed test program and to implement the compressed information

with the low-speed ATE instruction set.

Inside the BOTC, a reconfigurable FSM is implemented to generate

the test patterns whose flow is configured by the ATE instructions. Due to

the regularity of the test patterns, the configuration of the FSM does not

have to be updated frequently, and thus, the ATE instructions can be used

to update the FSM flow regularly at a lower rate than the FSM operating

speed. The set of signals to be generated in each state of the FSM operation

and the intervals between each state are determined by the type of DUT to be

tested and the type of test programs to be executed. These FSM operations

can be controlled by various registers which called control registers in this

dissertation. The values of control registers can be set by the ATE instruction

before the test sequence begins, and also while the test sequence is running.

The examples of generating a pseudorandom test pattern and a memory

March test pattern are presented to illustrate the operations of the FSM and

the BOTC. At first, Figure 5.5 shows several examples of ATE instructions

and how these instructions can be decoded in the BOTC module to generate

memory March test pattern. In this example, the ATE instruction set consists

of two words, one with 8-bit and the other with 16-bit. In the March test,

whole test sequences can be divided into one of following modes: read, write,

read/write and write/read mode. Typically, one mode of operation needs to be
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run consecutively for multiple cycles while the data to be written to DUT (or

expected from DUT) and the address are changing from cycle to cycle. In each

mode, the FSM goes through several states of signal generations, and in each

state, set of control signals (such as RAS, CAS, WE and etc.), data signals and

address signals are generated in pre-determined order which is determined by

the values stored at the control registers. In this example, the ATE can set the

values of the control registers using the instruction set A shown in Figure 5.5,

in which the 8-bit word contains the ID number of each control register, while

the 16-bit word contains the value to be stored at the control register identified

by the 8-bit word. Also, the flow of the data and the address, which require

cycle-to-cycle update, can be controlled by the instruction set B.

Next, to generate the pseudorandom patterns using the BOTI module,

a maximum-length sequence generator and a phase shifter can be implemented

using reconfigurable FSM. Let us explain the operation of the BOTC using an

example of 4-bit pseudorandom pattern generator as shown in Figure 5.6(a).

In Figure 5.6(a), one of the XOR gate, xor 1 , is used to formulate the specific

polynomial equation for the maximum-length sequence generator and the other

XOR gates, xor 2 through xor 5, are used as phase shifters. Configurations

of these phase shifters and the maximum-length sequence generators can be

set using various switches, SW 1 through SW 5, shown in Figure 5.6(a). The

configuration information of these switches and the seed value of the LFSR are

sent to the BOTI module using the instruction set A shown in Figure 5.6(b)

before test begins, or using the instruction set B while the test program is
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currently running. Detailed explanation of instructions decoding scheme is

presented in section 5.2.

5.1.3.2 Data Read Scheme

When reading the test responses generated by the DUT, it is important

for the BOTI to latch the incoming data at the right timing in spite of off-chip

channel skews and hazardous glitches. The test responses, which called incom-
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ing signals in this dissertation, launched from the DUT to the BOTI suffer

from same off-chip environment as the test patterns, which called outgoing

signals in this dissertation, launched from the BOTI to the DUT. While the

channel skew introduced on the outgoing signals can be compensated for by

controlling the launching time on the BOTI module, the skew introduced on

the incoming signals cannot be completely compensated for since the BOTI

does not have the information of the incoming signals’ launching time. To

resolve this issue and make the read operation reliable, the BOTC uses a de-

layed clock signal (read clock) dedicated to the read operation and the data

strobe signal. The data strobe signal is commonly used in high-speed circuits

to synchronize the signal communication between the sender and the receiver

by using a set of pulse signals synchronized with the data signals. The read

clock is generated by the CGM and lags the system clock by a quarter cycle

as shown in Figure 5.3.

When the incoming signals are expected, the BOTC first asserts the

READ flag which informs the BOTI to be ready for latching the incoming

signals and comparing them against the expected values. Figure 5.7 depicts

the signals used in the data read operation. When the READ flag is high and

the data strobe signal goes high, the BOTI latches the incoming signal on the

rising edge of the read clock. Some high-speed devices such as Double-Data-

Rate DRAM send out the data at both rising and falling edge of the system

clock, which means that the BOTI needs to latch the incoming signals at

both edges. In order to latch the incoming data properly at the negative edge
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of clock, the BOTC produces the enable signal, DS n, using the data strobe

signal as shown in Figure 5.7, and use it to control the data capture. This

scheme makes sure that the BOTI captures incoming data at the right timing

as long as relative skew between the incoming signal and the data strobe signal

is less than one-fourth of the DUT clock period. The SMCM can be used to

reduce the relative skew within this range. The incoming signal latched during

the read operation is compared against the expected value shown as EVP and

EVN in Figure 5.7. Then, the BOTC produces an error indication signal if the

value of the incoming signal is different from the expected value, and sends

the error indication signal to the ATE. The data strobe signal may not be

available in some cases. In these cases, the BOTC can still latch the incoming

signal safely using the READ signal in place of the data strobe signal.

5.1.3.3 Clock Frequency Manipulation

As explained before, the operations of the CGM and the SMCM are

controlled by the BOTC, and the one important operation associated with

the CGM is to change the clock frequency flexibly. In many at-speed test

applications, it is required to manipulate the test clock frequency to examine

the DUT performances in several different corners. The BOTC can manipulate

the clock frequency by controlling the clock multiplication ratio (N) of the

CGM as shown in Figure 5.3, and this ratio can be modified on the fly while

the test program is running. When changing the clock frequency while the test

program is running, the BOTI clock signal can be temporarily in a metastable
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state which may lead to a loss of information stored in the internal registers

of the BOTC. To prevent this from happening, the information stored in the

internal registers are copied to respected shadow registers which are clocked

by the slow ATE clock. Once the BOTI system clock is completely locked to a

new frequency, the information saved in the shadow registers are copied back

to the original registers which are clocked by the BOTI system clock.

5.2 Handshake Procedure

This section presents a handshake procedure between the ATE and

the BOTI which is required to ensure the proper communication between two

sides, which are operating at different frequencies, without interrupting the
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at-speed test procedure.

At first, the example shown in Figure 5.8 explains the issue arising from

the fact that the ATE is operating slower than the BOTI. In this example, the

BOTI is running six times faster than the ATE. As explained in the previous

section, the FSM is operated based on the values stored at the control regis-

ters, and these register values are set by the ATE instructions before the test

program begins or while the test program is running. As we can see from the

example, one mode of FSM operation is running for nine cycles (cycle 2-11) of

the fast clock, and then changes to different mode at the cycle 12. Since the

ATE can send the instruction to the BOTI every six cycles of the fast clock

(assuming the ATE can send the instructions only at the positive edge of the

slow clock), the ATE should send the instruction to change the FSM mode

using the ATE instruction 1. However, upon receiving the ATE instruction 1,

the BOTI should not decode the incoming instruction and should not update

the control register values immediately, because this will lead to change of

the FSM operation mode earlier than it should be. Thus, proper handshake

procedure is required to decode the ATE instruction 1 and update the control

registers at the cycle 11 of the BOTI operation, so that the FSM operation

can be changed to different mode properly at the cycle 12.

Figure 5.10 shows timing diagram to illustrate the handshake procedure

implemented in the BOTC to solve the issues mentioned above. Also, in order

to maintain proper handshake procedure, the BOTC requires both fast clock

and slow clock, and these two clock signals should be synchronized with each
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other. To maintain the synchronization between the two clock signals, the

BOTC generates synchronous low-speed clock signals (ate clk s and ate clk sd)

internally which are aligned to the BOTI system clock as shown in Figure 5.9.

As shown in Figure 5.10, at first, the BOTC checks the data signals

coming from the ATE every rising and falling edge of the clock ate clk s to

determine whether the ATE has sent the instructions. If the ATE instruction

has been sent for the DUT, it is first saved at the Instruction Register File

(IRF) at the positive or negative edge of the clock ate clk s, and is decoded

at the trailing positive or negative edge of the clock ate clk sd. The decoded

values are first stored at temporary control registers. At the time ATE instruc-

tion has been received, an interrupt signal is asserted if the FSM is currently

running and incoming instruction requires the operation of the FSM to be
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modified (inst.1 in Figure 5.10). Once the interrupt signal goes on, the FSM

asserts an update signal one cycle before current mode of FSM operation is

done, and after the update signal is asserted, the values of the control registers

are updated with the values stored at the temporary control registers

If the FSM is currently not running, or the ATE instruction does not

affect the operation of the FSM, then the update signal is directly asserted so

that the incoming instruction can be immediately decoded and updated to the

control register value or to the BOTI operation (inst.0 in Figure 5.10).
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5.3 Experimental Results

The BOTI module described in this chapter has been designed and

fabricated in a 130nm CMOS technology. The BOTC has been designed using

Verilog HDL and synthesized to the technology, while the CGM and the SMCM

have been custom-designed. Figure 5.11 shows the layout and die photo of the

BOTI chip where the BOTC, CGM and SMCM are all integrated into one chip.

(In the die photo, layers of interest are not seen due to the top metal dummies).

The total size of the BOTI module is 1.5mmX3.2mm including bond pads

and ESD circuitry while the size of the BOTC module is 500µmX500µm and

the size of the CGM is 630µmX370µm. Also, the size of each SMCM is

300µmX85µm and there are 38 SMCM instantiations in the BOTI chip, so,

the SMCM modules take about half of the total chip area. Current version

of the BOTI chip has 26 I/O channels to communicate with the ATE and 38

I/O channels to communicate with the DUT.

In this section, post-layout simulation and post-silicon measurement

results are presented to verify the proposed test framework and the operation

of the fabricated BOTI chip. The case of high-speed memory test is presented

in order to provide the practical example of operating complex test procedure3.

3The application of the BOTI method itself can be extended to various test cases includ-
ing pseudorandom test using the proper ATE instructions as explained in Section 5.1.3.
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5.3.1 Post-Layout Simulation Results

The netlist of the BOTI chip has been extracted from the layout and

used to run post-layout simulation with a DUT model to validate the BOTI

algorithm. The Verilog HDL model of a 512Mx8, 800Mbps commercial DDR2

SDRAM module [4] was used for the simulation. The test procedure starts with

setting the PLL clock multiplication ratio and locking the high-speed clocks

generated by the CGM. The period of the clock signal and instructions coming

from the ATE model was set to 42.5ns, so, the CGM multiplied the clock

frequency by a factor of 17 to generate the system clock with the frequency of

400MHz. Figure 5.12 shows the post-layout simulation results of clock signals

generated by the CGM. Rise and falls times of each clock signal are 40ps and

the clock uncertainty between different clocks is less than 37.5ps at 400MHz.

Also, the duty cycle of each clock signal is 0.507 in the worst case and it takes

2µs to lock the clock signals.

Once the clock signals are completely locked, the ATE sends the in-

structions to run the FSM at 400MHz which starts with setting the values of

control registers. The March test requires 30 control registers in the BOTC

module and most of them are 16-bit. So, it takes fifteen cycles of the ATE

clock, or 637.5ns, to set the values of those registers. In this example, March

C− test is used as a test sequence which can be represented as follows.

⇑ (W0) ⇑ (R0W1) ⇑ (R1W0) ⇓ (R0W1) ⇓ (R1W0) ⇓ (R0) (5.1)

Once the actual March test procedure begins, the ATE model sends the in-

structions only when changing element operations (for example, changing the
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operation from ⇑ (W0) to ⇑ (R0W1)) or when changing the bank address is

required. These instructions modify the values of control registers which refer

to mode, address and data control, and in this example, the ATE sends a total

of 144 instructions to the BOTI for this purpose. The test procedure finishes

successfully after about 281 million cycles of the system clock, or 0.7s. The

time required to set the BOTI chip environment which includes CGM clock

setting, skew measurement and FSM control register setting is about 3µs.

Thus, the test time overhead is negligible compared to the total test time.
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Figure 5.14: BOTI System Clock and Reference Signal

5.3.2 Post-Silicon Measurement Results

In this section, the post-silicon measurement results are presented. Fig-

ure 5.13 shows the measurement setup. The FPGA board was used to emulate

the slow-running ATE and to generate the test instructions required for the

operation of the BOTI. In this section, the term BOTI board is referred as the

printed circuit board containing the BOTI. The reference signal (a sinusoidal

wave is used as the reference signal) was coming from the signal generator

which was not synchronized with the operation of the FPGA board. This

setup is intended to introduce synchronization mismatch between the reference

signal and the test instructions to see if the BOTI chip can run correctly while

the reference signal is not synchronized with the test instructions. Figure 5.14
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Figure 5.16: Measurement Result of Skew Calibration Signal

shows the low-frequency reference signal and the high-frequency system clock

synthesized by the CGM. The reference signal shown in Figure 5.14 was run-

ning at 12.8 MHz, and the synthesized clock was running at 217.4MHz which

is 17 times faster than the reference signal.

After the system clock has been synthesized, the FPGA sends the in-

structions to the BOTI to start measuring the off-chip channel skew using

the SMCM. To verify the correct functionality of the SMCM, an intentional

channel skew is introduced by making the off-chip channel length different be-

tween two I/O channels as shown in Figure 5.15(a). As described previously,

in the skew measurement stage, the BOTI first sends the calibration signal to

each channel and measure the time it required for the calibration signal to be
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Figure 5.18: Value of Compensate Skew for Various Channel Length Differ-
ences

returned from the other end (open end) of the channel. Figure 5.16 shows the

two calibration signals launched at two I/O channels where the upper signal

was measured at the I/O 2 and the bottom signal was measured at the I/O 1.

Both calibration signals first rose to Vcal which is 0.75V (enclosed by dotted

boxes) and stayed there until the calibration signals are returned from the

open end of each channel. As can be seen from the figure, the signal measured

at the I/O 2 stayed at Vcal longer than the signal measured at the I/O 1, and

this is due to the fact that the channel length of the I/O 2 is longer than that

of the I/O 1. Then, the SMCM senses the time difference td, which was 1.6ns,

shown in Figure 5.16 and use this information to adjust the launching time of

the signals in each I/O channel to compensate for the skew. In this example,
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the trigger voltage (Vtr) was set to 0.85V.

Next, Figure 5.17 shows the actual data signals sent from the I/O 1

and the I/O 2. The signals shown in Figure 5.17(a) were measured at the probe

point shown in Figure 5.15(b) which are located at the same distance from each

I/O pin on the BOTI board, while the signals shown in Figure 5.17(b) were

measured at the load of each I/O channel. The value of the compensated skew

should be half the value of the td, since the td considers the time difference

for round-trip signals. As we can see from those figures, the signal from the

I/O 2 was launched tcs, or 800ps (which is half the value of td shown in

Figure 5.16 as expected), earlier than the signal from the I/O 1 so that two

signals can arrive at the load simultaneously. Also, Figure 5.18 shows the

values of compensated skew versus various channel length differences. As can

be seen from the figure, the value of the compensated skew is well correlated

with the channel length difference, and the maximum resolution of the skew

compensation was 130ps. (Negative value shown in Figure 5.18 was caused

by the channel length difference inside the BOTI board.) This example shows

that the BOTI can actually measure the off-chip skew and compensate the

outgoing signals to offset the skew.

Next, the clock frequency is varied to examine whether the BOTI can

generate the March test pattern according to Equation 5.1 successfully using

the test instructions coming from the FPGA board. The BOTI module could

generate the correct test pattern up to 220MHz without considerable signal

degradation. Also, the maximum difference in operating speed between the
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FPGA and the BOTI was a factor of 21. This means that, in practical case, the

ATE can effectively execute a test program 21 times faster than its own speed.

The main factor that limits the higher-speed operation is the long bonding

wire in the package. Current version of the BOTI chip has been packaged

with a 120-pin CQFP (Ceramic Quad Flatback) package. This leads to long

bonding wires, which limits high-speed signal swing due to the large inductance

associated with the bonding wire. This would not have been an issue if the

BOTI chip had been packaged with flip-chip technology, for example. Thus,

improvements in performance can be made possible by using different types of

package such as flip-chip package or other types of smaller package.

In this measurement example, the BOTI operation requires 25 data

channels from the FPGA board and one signal channel from the signal gen-

erator. This means that, in practical case, the ATE requires 26 I/O channels

(excluding DC supply) to interface the BOTI, while it requires 38 I/O channels

(excluding DC supply) to interface the DUT (which used in this example [4])

if not using the BOTI module. Thus, in this example, the number of the ATE

I/O channels can be saved by 28% if the BOTI test framework is used. While

the actual savings can be varied for different test cases, a possibility of saving

the ATE I/O channels has been clearly shown in this example.

5.4 Summary

In this chapter, an efficient at-speed test framework for high-speed

DUTs using low-speed ATE has been discussed. The framework presented
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in this chapter uses a custom-designed built-off test interface (BOTI) circuit

to generate at-speed test patterns for a high-speed DUT, and to analyze test

responses coming from the DUT to determine whether the DUT is faulty.

Since the ATE actively controls the operation of the BOTI and overall test

procedure, the test program run on the BOTI module is highly programmable,

and thus the presented BOTI test method can be flexibly applied to various

types of DUT. Moreover, the issues arising from implementing the test inter-

face circuit off-chip has been addressed in this chapter. The BOTI measures

off-chip skews among different I/O channels and compensate them for the sig-

nals communicating with the DUT. Using the presented BOTI method, test

cost can be decreased considerably by extending the use of low-speed ATE to

at-speed test of higher-speed DUT.

The concept of the BOTI module has been implemented in a semicon-

ductor chip using 130nm technology and the experimental results show the

correct functionality of the BOTI chip and the validity of the proposed test

framework which uses the BOTI chip.
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Chapter 6

Conclusion

This dissertation presents novel functional test methods for analog and

mixed-signal circuits which focused on characterizing the performances of non-

linear devices using a low-cost test environment. The major contribution

of the work presented in this dissertation is to develop efficient methods to

measure the conventional specification parameters of AMS circuits using non-

conventional and cost-effective test methods. This can be possible by abstract-

ing the DUT behaviors accurately using system level performance modeling

and by developing performance characterization methods that use easy-to-

generate test stimuli and low-complexity characterization algorithms. In doing

so, we can bridge the gap between lowering the test cost/test time and main-

taining good test accuracy, which has been the important issue in the area of

AMS circuit test. The methods presented in this dissertation can be divided

into two categories. The first is to devise a new test framework for AMS cir-

cuits that is aimed at using a simple test environment without compromising

the test accuracy. The second is to reduce the test time by testing multiple

DUTs simultaneously while not affecting the test accuracy of an individual

DUT.
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The low-cost functional test method presented in Chapter 3 uses a pseu-

dorandom signal to measure the dynamic performance parameters of AMS

circuits. Unlike the previous alternate functional test methods which calcu-

late the performance parameters indirectly using alternate test signatures, the

pseudorandom test method calculates the performance parameters directly.

The pseudorandom signal is chosen as a test stimulus because it contains mul-

tiple sinusoidal tones which cover a wide range of frequencies, and thus can be

used to extract the spectral information of the DUT efficiently. More impor-

tantly, the pseudorandom signal can be generated using an uncomplicated test

equipment or on-chip LFSR which helps to reduce the test cost considerably.

Also, by using the LFSR in generating the test stimulus, we can relax the dif-

ficulty in accessing the embedded AMS circuits from external test equipment

to deliver the test stimulus to the DUT. The Volterra series model of the DUT

is used to analyze the test response of the nonlinear devices and to develop

a low-complexity characterization algorithm to extract the required informa-

tion from the test response. The pseudorandom test method developed in

this research was verified using actual hardware measurements to calculate

the dynamic performance parameters of a commercial mixed-signal IC. The

measurement results show that the method can measure various specification

parameters with a small amount of error compared to the conventional test

methods.

The parallel test algorithm featured in Chapter 4 shows methods to re-

duce the test time by increasing the test throughput beyond the level limited
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by tester resources. Unlike the previous parallel test methods in which the

parallelism is extended by increasing the performance of the tester resources,

the parallel test methods increase the parallelism by exploring the spectral

characteristics of the test stimulus and the system level description of the

DUT. Thus, the new methods developed can be implemented with existing

test equipment without incurring an additional test cost while reducing the

test time considerably. In these methods, multiple DUTs share common test

equipment and the test response from one DUT is mixed with the test re-

sponses from other DUTs. It was shown in Chapter 4 that we can identify the

performance parameters of each DUT from the composite test responses using

the system level performance characterization methods with the help of simple

circuits such as an analog adder and an RMS power detector placed on the

signal path. Various experimental results presented in Chapter 4 demonstrate

that the presented parallel test methods can be actually used to characterize

the performance of individual DUTs separately which are tested in parallel.

The goal of the built-off test interface method presented in this disser-

tation is to relax the cost associated with the tester resources in the aspect of

tester speed. The low-cost functional test methods described in this disserta-

tion are aimed at reducing the test cost by using low-cost test stimuli and at

reducing the test time by increasing the test throughput. One issue with these

methods, though, is that they still require at-speed test patterns to excite

the DUT. The BOTI module described in Chapter 6 can be used to generate

high-speed test stimuli and to capture the test responses accurately under the
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control of a low-speed ATE. Thus, the presented BOTI method makes it pos-

sible to test high-speed DUTs using lower-speed testers with the help of BOTI

module. This method was validated through hardware measurements using a

fabricated BOTI chip, and the results show that, in a practical case, we can

control the at-speed test of high-speed DUT using low-speed test equipment.

Overall, this dissertation presents both theoretical and practical studies

developing the new functional test methods for AMS circuits to solve the

various problems associated with the conventional test method. The results

described in this dissertation can be extended to further research in the area

of AMS and RF circuit test. Some of the possible future directions can be

listed as follows.

• The pseudorandom test algorithm presented in this dissertation is aimed

at finding dynamic performance parameters of AMS circuits. The algo-

rithm developed in this dissertation can be further exploited to char-

acterize static performance parameters such as integrated-nonlinearity

(INL), differential-nonlinearity (DNL), etc. Traditionally, the static pa-

rameters of AMS circuits are characterized using a DC signal or a ramp

signal. By exploring the spectral relationship between the pseudorandom

signal and the conventional static test stimuli, we can use the pseudo-

random signal to characterize the static parameters, and thus extend the

application of the pseudorandom test further.

• In the area of AMS circuit test, one of the important trends in recent
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years is to maximize the use of digital test equipment in testing analog

functionality. The parallel loopback test method presented in Chapter 4

shows the possibility of configuring a digital-in/digital-out environment

and using digital test equipments to test AMS circuits. We can im-

plement the similar loopback test environment for the parallel pseudo-

random test method explained in this dissertation. This will require

research on understanding the characteristics of pseudorandom signals

in a multi-stage nonlinear system. Upon implementing the loopback en-

vironment for pseudorandom test, we can use this method for self-test of

embedded AMS circuits with the help of on-chip LFSR and DSP which

are common components in the current SOC devices.

• The functionalities of the BOTI module explained in Chapter 5 can

be further extended to handle more complicated test signals including

analog signals. This can be done by improving the FSM structure to

increase its degrees of freedom so that it can generate various test pat-

terns flexibly. To cope with analog signals, existing on-chip test stimulus

generation techniques can be studied along with the BOTI structure to

generate and to capture the analog signals accurately.
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