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Abstract— Loopback testing of Mixed-signal SOCs provides a functional specifications of individual blocks or paths and
low-cost test solution, but suffers from fault masking, resiiting  test. The pass/fail decision based on the pure loopback test
in serious yield loss and low test accuracy. This paper pres&s 4y ead to serious yield loss and low test accuracy since it

an efficient loopback test methodology which enables indidual . t de in th f ter d . h th
characterization of dynamic performance of Devices Under &st IS not made In the periormance parameter domain wnere the

(DUTSs) in loopback mode. DUTs are loop-backed externally SPecifications are clearly defined. At the same time, it may
on a loadboard (DUT board), and a simple filter and an not be possible to perform the compensation tests for malrgin

analog adder on the loadboard produce a composite loopback DUTSs [5] due to the difficulties of directly evaluating func-
response. Characteristic parameters are extracted from tbse tional specifications. In addition, its utilization in diagsis

loopback responses, and a non-linear regression techniqumased be limited to locati to the | ther than t
on spectral predictors is used to predict various performarme may be fimited 1o focating an error o the loop rather than to

parameters such as Gain, SNR, THD and SINAD. The spectral @ functional block. Hence, the extraction of specificatiofis
predictor provides more accurate and reliable prediction om- each functional path has become a crucial issue in loopback
pared to a time-domain approach. Both simulation and hardwae test.
measurements are presented to validate the proposed teclopie. While analog and mixed-signal BIST techniques using loop-
back are well researched, there is not much in the literature
on the fault masking issue. Yu et al. [6] proposed a loopback
technique which characterizes the noise of ADC and DAC
The continuing demand for data and telecommunication ap- loopback mode, by monitoring internal nodes of delta-
plications is driving the need for integrating many analad a sigma modulators. The usefulness of this approach, however
mixed-signal functions into a single system-on-chip (SOC limited to certain types of mixed-signal circuits suchaas
While SOCs offer significant benefits by integrating sever@elta-Sigma converter, and it only provides the charasties
different system functions on a single die, they pose sicgmifi related to noise.
challenges for testing. A conventional module-level testym  To overcome such limitations and improve the accuracy, we
not be attractive for highly integrated mixed-signal SO@ise propose arefficient loopback test technique using a simple
to limited test resources of ATEs and limited 1/O acces#jbil analog filter and spectral predictorsA two-tone test input
to each individual module [1]. is applied to a DUT in loopback mode, and an off-chip
Several methods have been proposed to overcome this taralog filter and analog adder produce a composite loopback
dle of testing SOCs. Notable among them, are the Loopba¢ksponse which can be decomposed into loopback responses
based Built-In-Self-Test (BIST) schemes [2] [3] [4]. In theof different weights.Characteristic parameterare obtained
loopback configuration, a Device Under Test (DUT) is placeflom their spectral representations, and are used as poeslic
in a mode that loops the output of one signal path ba¢ér a mapping function derived using a non-linear regrassio
into the input of another signal path. Instead of runningchnique. We assume that the filter specification can be
sequential tests for individual analog or mixed-signalckky readily identified, since it is implemented on the loadboard
the loopback response is measured, and compared again3the organization of the rest of this paper is as follows. The
the nominal value with tolerance bands to make a pass/faisues involved in conventional loopback test are intreduc
decision. Therefore, by removing conventional sequeteits in Section Il. The basic concepts of our method are discussed
for individual blocks, a significant reduction in test timanc in Section IIl. In Section IV, the simulation and hardware
be achieved. measurements to illustrate the effectiveness of our medhed
This method, however, suffers from fault masking caused lpyesented, and we conclude this paper in Section V.
the uncorrelated interaction between non-functionallgtes
components in loopback mode. The combination of seriously
degraded components in one of the functional paths andn order to better understand the fault masking issue in
overqualified components in another functional path, magopback tests, assume that a unit magnitude signdlot) is
result in misinterpretation of the loopback response. &herapplied to a non-linear mixed-signal circuit such as the DAC
fore the loopback response does not directly represent ttteannel shown in Fig. 1. we ugenotation in digital domain

I. INTRODUCTION

II. ISSUES INLOOPBACK T TEST
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Fig. 2. Test Escape and Yield Loss of Conventional Loopbasst T

introducing statistical variations into the noise and atisbn

that affect the SINAD of the ADC and the DAC channel, as
well as the SINAD of the loopback response. The mean and
for simplicity. Harmonic distortion considered is up to théd standard deviation of the distribution of the obtained SINA

order. The output responsg?) can be approximated by gwere approximately 66dB and 1.3dB respectively. In order

Fig. 1. Conventional Analog Loopback Path of a Mixed-sig@akuit

Taylor expansion as follows [7]. to determine test limits of the loopback response, a set of
) 5 200 DUT ensembles was then simulated in loopback and
y(t) = o cos(wt) + o cos™(wt) + ag cos” (wi) normal mode, and the SINAD of individual ADC and DAC,

and loopback response were measured. The only specification
(1) and loopback d. The onl ificati
parameter considered for the classification was SINAD. The
where a, as and as are the first, second and third TaylorSINAD limit of the ADC/DAC was set to 64dB (2dB tolerance
coefficients, andy(t) can be expanded with harmonic coeffibands). The lower SINAD limit of the loopback response is
cients as shown in the second row in Equation 1. determined by the minimum loopback SINAD, which passes
As shown in Fig. 1, suppose this distorted and noisy analbgth the ADC and the DAC test. Table | summarizes the
signal y(t) be loopbacked to the ADC channel, then thepecification limits for the ADC, the DAC and the loopback

3
= (a1 + %) cos(wt) + % cos(2wt) + % cos(3wt)

loopback responsgy,(t) can be expressed as response.
yi(t) = (Braq) cos(wt) + (Bran + Boa?) cos®(wt) ) TABLE |
4 (51a3 4 2ﬁga1a2 4 63(1?) COS3(wt) ( ) DAC-ADC SPECIFICATIONS USED FOR CLASSIFICATION
where, 3 and 3 are the first, second and third harmonic Specification Limits
coefficients of the ADC channel respectively. ADC | DAC | Loopback Response

The common way to quantify the non-linearity of analog [ SINAD [ 64dB | 64dB | 62.6dB )

circuits is to identifyay, as, etc., or the sum of the powers o L
of harmonics [7]. However, it can be observed from Equation 1€ Specification limit of the loopback response shown
2 that the characterization of harmonic coefficients (orldiay in Table _I was compared against the meaSL_Jr_ed _SINAP of
coefficients) ofy;(¢) cannot provide the solution far;, unless the remalnlng_2000 DUT _ensem_b_les_for classification. F_|g. 2
the values of3; are exactly identified. shows the ratio of the mlsclassn_‘lcanon for the conventiona
In addition to the harmonic distortion, noise is a ke}lf)OpbaCk test. 6.5% of DUTSs which passed the loopback test
parameter in mixed-signal circuits. Assume that(f) is the .urned out to be faulty in either _the ADC or the DAQ. j’_hls
Power Spectral Density (PSD) of a pure noise input to the due_ to _the fault mgsklng, Wh_'(,:h may cause a S|gn|f|pant
ADC channel, which is generated by the DAC channel, afigduction in test quality. In qddmon, 1.5% of DUTs which
N3(f) is the PSD of the ADC channel. Further assume thBgssed the individual tests failed the loopback test.
the noise of the DAC and the ADC channel are uncorrelated. 1 Nis result demonstrates that the loopback test alone ¢tanno

The output referred noise of the loopback can be expressed?ivide thorough production test and diagnosis. Theretoes
follows. extraction of the characteristics of individual channetsf the

o o loopback response is required to improve the test quality.
2 —
i _/0 KNa(f)df‘L/o Ns(f)df ®) I1l. PROPOSEDAPPROACH

where K is the overall gain of the DAC and ADC channel. The previous section discussed issues related to the fault
As can be seen from Equation @, is the sum of noise of the Masking problem found in loopback test, and the difficulties
ADC and the DAC channel, and any excessive value of noik€xtracting the performance parameters of each signal pat

in one channel can be masked by an overqualified performafff@n the loopback response. The following sections will
of the other channel. discuss how a two-tone test input and an analog filter are

used to extract characteristic parameters of a DUT, and how
the dynamic performance parameters of individual channels

Consider a simple analog loopback configuration showran be predicted from the characteristic parameters using a
in Fig. 1. A set of 2200 DUT ensembles was generated Ioypn-linear regression technique based on spectral poeslict

A. Example of issues
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where H(w) is the transfer function of the filter which is

Fig. 3. Proposed Loopback Test Scheme i0
o TopeseaTew H (@)t = 6™

H(w)|w:kw1 = Ckej(bk
Since in general the roll-off slope of the filter in the fre-
ency domain is much sharper than the variation of distorti

efficients of the ADC and DAC, we assume that the values
v, and (y are different even when, andw; are close to

()

A. Harmonic Distortion Parameter Extraction

Fig. 3 shows the proposed test architecture for testin
the ADC and DAC channels using the loopback scheme:
This loopback path is connected externally to the die o(ff

a loadboard [8]. A simple low-order filter and an analo .
adder are implemented on the loadboard, hence they cang h other. We fu_rther assume that the specifications of the
fi Eer are characterized prior to the test, and (x, 0x and ¢y,

readily debugged and characterized. A two-tone cosine wa K I
of frequencyw, andws, is applied to the DAC using either &€ KnNown vaiues.

: - As shown in Fig. 3y, is added taj;, and consequently we
-chip DSP t | digital ATE. Th . L ' .
an on-chip or an exierna’ cigita © response Obtaln the final input to the ADC channglt). That is,

the Taylor series to a two-tone signal can be determined B

expanding and using trigonometric identities. That is, y(t) = Z(O‘k cos(kwot) + Yrag cos(kwot + 0x))
’ k
t) = s(kwot S(lwyt (8)
yi(t) zk: o, cos(kwot) + zl: a; cos(lwit) + Z(O‘l cos(lwit) + Gy cos(lwit + ¢y))

4 I
As shown in Fig. 4, the frequency domain representation of
y(t), Y(w) can be divided into four parts, fundamental and
whereqy, anda; are harmonic coefficients of the DAC channeharmonic components af, andw; as follows.
for frequencywy and wy, and g is DC value.n,,, are .
Intermgdulati):)n Distortion (IMD) coefficients. We leSurhGlI VW) = Yoo, (@) F Yoo (@) + Yo (@) + Yor nw) - (9)
wp andw; are as close as possible to each other, such thsé use Equation 1 to model the ADC channel with Taylor co-
the harmonic coefficients otos(kwot) and cos(lwqt) are efficients 3y, and the loopback respongg can be expressed
identical, i.e.,ay, = a;. In addition to the fundamental andas
harmonic components, the interactionuaf andw; produces
IMD. wg and w; are chosen to be mutually prime, thus Y (t) = Bry(t) + Bay®(t) + Bsy*(t) (10)
the IMD components do not overlap with the fundamental , .. . . :
. : y*(t) in Equation 10 can be expressed as a convolution of
and harmonic components, i.enwy + nw; # kwy and ¥(w) in the frequency domain, which is
mwo +nwy # lwy for any integerk, I, m andn [9]. Since the '
fundamental and distortion components are only of interest F2t) =Y (w) =Y () ® Y (w) (12)

(as characteristic parameters), the IMD components will %Pince the convolution of, andw, produces IMD in which

ignored in deriving the following equations. In additiong : : .
will be neglected, since the filter or PGA in the ADC channe\fllyle é\éionrgg;nterested, these terms are ignored. Then Equatio

will cancel the DC terms. Therefore, Equation 4 can be re-

+ Z Nm.n c0s((Mmwo £+ nw1)t) + ao

m,n

written as follows. Y (W) = (Yoo, 1(w) + Yae,n(w)) @ (Yoo, (W) + Yi,n(w))
7 (t) = Z ag(cos(kwot) + cos(kwit)) (%) * Jons )+ Yo w)) © (Ko pl0) + le,h(?)]?%)

k

The filter in Fig. 3 produces the secondary loopback inpﬁlpd can be expanded to

12 from g1, which can be expressed as Yy’ (W) =AY, f(w) ® Yoy, 1 (w) + 2Yy s (w) @ Yoy n(w)

- + Yoo n(w) ® Y, h(w)}
= H(k k 0 ’ ’
va(t) ;| (kwo)| a cos(kwot + O,) o Yo (@) ® Yo () + 2V, 4(0) @ Yo n(®)

+ Z |H (lw1)| oy cos(lwit + ¢y) + Yo, n(w) @Yo, n(w)}
1 (13)



The convolution of harmonic componenits (w) ® Y, (w) H(D H'(H)
may be negligible. For example, the multiplication of the Hs Ho
second and third harmonics will produce trivial magnitudes E>
While they can be included for better accuracy, it will be
ignored for computational simplicity. Then, Equation 13 be
comes

Y/ (w) _ on,f (w) ® on,f (w) I 2Yw0,f (w) ® on,h(w) Fig. 5. Equivalent Noise Bandwidthf{ is 3dB cutoff frequency)

+ Yo, 5 (W) @ Yo, p(w) +2Y0, (W) ® Yo, n(w)  filter |H(f)|? can be approximated as a simple gain-frequency

(14)  characteristic with abrupt band edgé#l (f)|2, where the
magnitude is the same as the low frequency gaihibff)|>.
Thus, Equation 17 becomes

N

Similarly, the frequency responsé” (w) of 33(t) can be
obtained, and the frequency respoidgw) of y;,(t) is

’ ’" ’ 2
Yi(w) =AY (@) + BY @) +AY @) 15 = [ KN()[H ()| @
0
Consequently, the frequency response of the fundamental oo (18)
and harmonic components of;(t) can be expressed as +/o (KNa(f) + Np(f) + KNu(f))df
Yip(wo) = frciy +52A/§(a1a?)2 ) . vZ in Equation 18 can be divided into two components
+ B3/8(3d1” + 2d1°dls + 2di1 *dia) with respect to the frequency rangeg. is total noise ofy;,
Yip(2wo) = Brda + 52/4(0212 + 2a1di3) in the frequency range [@x] and v? is the total noise in the
n 53/4(354120?2 iy chachs) frequency rangefly oo].
. N N o N N
Yio(8uwo) = frcis + B/ 2enchz) , KO+ H) [ NaD+ [ Nal)+ KNu(1)df
+ ﬁ3/8(021 + 4a1" a3 + 2a1ain ) (16) - 0 - 0 (19)
Yin(n) = Brciy + o/ 2{circi) B=K [ NP+ [ alh) + KNu(D)
+ Bs/8(3d1® 4 201 2dig + 2di, 2 g I In
Yip(2w1) = Brdia + Ba/4(d1? + 2d:1d3) vZ andv? are readily computed from the measured loopback

. ; fn
+ B3/4(30 diy + diyciaciz) rj?;vp?vrls(?);”?g'\]/\?m((})gc(f),défnog xH(§§foo ]\l;a(f)tlif,
. . 3N Ng » J7o Na and [~ Ng can be calcu-
Yy (3w1) = Brais +ﬁv2é2(al?é22)v o, lated. Consequently, the noise parameters of the ADC and
+ B3/8(ai” + 4ai?a + 2ddz”) DAC channel can be determined from Equation 19.

wheredy, is ap + yrare’*, anday, is ap + Ceopel .

In summary,Ys, (kwo) andYy, (kw:) (characteristic parame- . o _
ters) can be calculated by performing Fast Fourier Transfor |n @ realimplementation, it may not be feasible to solve non-
(FFT) on the measured loopback response. Therefore, gifélgar equations analytically. The problem, in fact, beesm
v, Ce, O and ey, we can estimatey, and 8, from Equation More acute if higher order harmonic distortion is considere
16 and the harmonic distortion of the ADC and DAC channéHch asY},(w) ® ¥, (w), 4th harmonic, 5th harmonic, etc. In

C. Non-linear Regression using a Spectral Predictor

can be quantified separately. addition, uncertainty of analog signals may cause an error i
measurement, and the error can propagated into the ewaluati
B. Noise Parameter Extraction of the equations. Therefore, we use a non-linear regression
In our proposed scheme shown in Fig. 3, the output referrt&thnique based on spectral predictors to solve the derived
noise ofy;, in Equation 3 can be re-written as follows. non-linear equations.
. . Multivariate Adaptive Regression Splines (MARS) has been
U_ng = / KN, (f)df + / Ns(f)df developed to solve this problem, with the purpose of predict
L 0 - (17) the values of the response variables from a set of predictor
+ / KNo(f) |H(f)) df + / KNy (f)df variables [11]. This technique has become particularlyutap
0 0 in the area of alternate test [12] for analog and RF circuits,

whereNy (f) is the PSD of the filter, and we use tfieota- and it is used to find non-linear mapping functions between
tion rather thanv for simplicity. The evaluation of the integral Signatures and specifications of a DUT [13]. This approach
in Equation 17 is often difficult in a real implementation. wéas been mainly based on the transient response to a transien
use theequivalent noise bandwid{i0]. The equivalent noise stimulus, however it may suffer from certain limitationsialin
bandwidth fx is chosen to give the same total output nois@'® summarized as follows.
voltage as the original block when the same input noisegelta 1) This approach requires measurements to be either syn-
is applied. As shown in Fig. 5, the frequency response of the  chronized or precisely triggered in order to provide



TABLE I

MEAN AND STANDARD DEVIATION OF PREDICTION ERRORS OF s 75 .
SIMULATIONS (SNR(B), THD(dB), SINAD(dB), GAIN (%)) ik .
; 70 ) e+ p?
C channel C channel N y =
DAC channe ADC channe B 65 TR
Parameter Mean [ STD. Mean [ STD. o A o
SNR 0.540B | 0.41dB | 0.320B | 0.280B ol L S
THD 0.88dB | 0.78dB | 0.87dB | 0.73dB (a) ADC chan. SNR (c) ADC chan. THD (e) ADC chan. SINAD
SINAD 0.50dB | 0.48dB | 0.50dB | 0.42dB ’s _
GAIN 33% | 2.9% | 3.0% | 2.5% 7 o
%/ o
70 . ¥ 65
LR 65 X
the stationary sampling points while constructing th o
. . .. eps . 601 /.*
regression equation and predicting spemﬂcauon;. 65 = =) ——— T
2) The transient-response approach generally requirgs la (b) DAC chan. SNR (d) DAC chan. THD (f) DAC chan. SINAD
predictor variables to increase the efficiency of predic-
tion, resulting in extensive computational overhead. Fig. 6. Comparison of actual and predicted values (sinaratiata)

In order to solve these problems, the frequency response
is used as the predictor variable through spectral sampling simulation Results
Spectral powers at frequency bins which are used in Equa- . - . . _
tions 16 and 19, are used as predictor variables for MARS.The block diagram shown in Fig. 3 is a typical transmit

. . . .__and receive channel of a mixed-signal circuit. In test mode
Therefore, the¥}, (w) ® Y, (w) which we ignored in Equation ’
13, are included. The advantages of using this technique DAC channel output was Ioolped ba(;k to the ADC channel
as follows. through the analog bandpass filter which was modeled as a

second-order filter. A two-tone sine-wave whose harmonics

1) Synchronization issues related to our method can Bgq intermodulation harmonics do not overlap with eachrothe

resolved using a weighting function such as a windowingas applied to the DUT. A set of 1000 DUT ensembles was
which is a popular way to solve stationary problemgenerated by introducing statistical variations with narm

resulting from the undesirable effects of FFT [9].  distribution in values of gain, random noise and harmonic
2) This method requires smaller predictor dimensions th@fstortion. Combinations of these values were also geeerat
the transient response-based approach. randomly. 200 ensembles (training sets) were simulated in

This spectral approach requires an additional FFT procgsymal and test mode, and the performance parameters of
to obtain input predictors, resulting in computationalinead. the DAC and ADC channel, and spectral predictors which
However, this overhead can be compensated by using smalkere used to derive the mapping functions were then obtained

predictor dimensions. The mapping functions were used to predict the performance
parameters of the remaining DUT ensembles (validatior).sets
D. Alternate Test Scheme The performance parameters considered in this paper were th

gain, SNR, THD and SINAD.
In addition to the two-tone test scheme described thus far,Fig. 6 shows plots of the predicted versus the actual
it is also possible to apply two separate single tone signajferformance parameters for the proposed method. Table II
Two responses with the different weighis,, (w) andY;,, (w) summarizes the mean and variance of prediction errors. The
are generated separately. The two loopback responses ragilt indicates that prediction errors were less thanB,.7d

analyzed in a similar way, and the characteristic pararseteind the prediction errors of the gain were within 6%.
can be derived. This test scheme may be more effective than

the two-tone scheme when the harmonics are relatively smiail Hardware Measurements
compared to noise; therefore their identification is difficu = Hardware measurements were performed on a commercial
This may occur in the two-tone test scheme since the powertsbadband modem mixed-signal front-end IC (Analog Devices
harmonics tends to spread out to IMD bins, which we ignorésP9865) [14], and its block diagram is shown in Fig. 7.
for analysis. The AD9865 is a mixed-signal front end IC for transceiver
application requiring Tx and Rx path functionality with dat
IV. EXPERIMENTAL RESULTS rates up to 80MSPS. The Tx signal path consists of a bypass-
able 2x/4x low-pass interpolation filter, a 10-bit TXDAC,dan
In this section, we present both simulation and hardwadeiver. The gain of the Tx signal path can be configured by
measurements to validate the proposed technique. A MATLABe TxDAC and the driver. The receive path is composed of a
simulation using a two-tone input will first be presentedunable 3-pole low-pass filter, a programmable gain amplifie
and hardware measurements using two single tone inpated a 10-bit ADC. The lowpass filter cutoff frequency can be
performed on a commercial broadband modem (AD9865) wdkt over a 15MHz to 35MHz range or simply bypassed. In
be presented. our experiment, the filter was bypassed in normal functional
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TXEN/SYNC
TXCLK

Tx channel Rx channel

oo Parameter ' fean | STD. | Mean | STD.
SNR 0.32dB | 0.67dB | 1.35dB | 2.43dB
Apicizy THD 0.31dB | 0.57dB | 0.63dB | 1.40dB
SINAD 0.25dB | 0.41dB | 0.94dB | 1.57dB

RXE/SYNC
RXCLK

Fig.

34

7. AD9865 Block Diagram

TABLE Il
MEAN AND STANDARD DEVIATION OF PREDICTION ERRORS FOR
HARDWARE MEASUREMENTS(SNR@B), THD(dB), SINAD(dB))

through either the hardware measurements or simulations.
These experimental results show that the dynamic perforenan
parameters of each channel were characterized accurathly w
a prediction error of 2.4dB. The proposed test scheme can be
readily implemented on a conventional loopback scheme with

- ' * an external connection and a low-cost analog filter. It does
o P % L % T not depend on the type of circuits, and thus can be applied to
s % " 2 general mixed-signal circuits.
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