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Assessment of non-linearities for precision

DACs
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Abstract

One may identify two independent sources of non-linearities in digital-to-analog converters: (i) deviations at
input sources and switches, (ii) non-idealities in the posterior summation circuit. The first are described by specific
figures of merit, mainly INL and DNL; the second, in terms of standard amplifier performance (e.g., THD, etc.).
Performance is assessed without considering prior separation of the two, resulting in misleading characterization. We
address cross-influence of (i) and (ii), and propose a novel figure of merit for band-pass response that separately

addresses nonlinear deviations and memory effects attending to DACs inner structure.
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I. INTRODUCTION

Digital-to-Analog converters (DACs) are at the crossroad between the digital and analog worlds. Throughout the
years, different layouts have been proposed for such devices; but performance has always been characterized using
the same figures of merit, while focusing on the expected, overall linear behavior.

Linearity can only be achieved by overcoming all possible random and systematic deviations [1], [2]; arising both
during manufacturing and operation. In the past, technologies’ matching properties received most of the attention;
whereas performance assessment must cover all affecting variables and their interactions, requiring an informed
model for the system. Early contributions focused on the calibration of digital-to-analog converters, assuming an
underlying static, linear model. In [3] offset and gain parameters were discussed, in relation to spurious deviations
in bit-currents (i.e., one source per bit). With this idea in mind, in [4] a low rate, supposedly linear DAC was
proposed, based on a single bit (single source), to mitigate the aforementioned influence of matching properties.
Contrarily, reported results evidenced that a spurious, non-linear effect was still present.

In [5] authors proposed a purely nonlinear, static model that was used for calibration in [6]; and further extended
for high-resolution DACs in [7]. These contributions, along with many others promoted the extensive use of the

integral non-linearity (INL; followed, or not, by its counterpart the differential non-linearity, DNL) as in [8], [9]
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and [10]. These figures describe the static (time-independent) differences between quantization levels, evaluated at
DACs’ respective outputs.

Work has been reported on the characterization of INL; particularly with regard to its statistics, and specifically
to its variance [11]. Results evidenced that through the assessment of INL statistics the relevance of intermodulation
errors can be assessed. The impact of these deviations on the generated waveforms was extensively addressed in
[12]. There, clock modulation was also addressed, in addition to the vertical deviations still being modelled by
means of INL.

Interestingly, INL is not inmediate to evaluate, and its statistics are likely to be biased by the selected peak
detection process. This was suggested in [13], where authors addressed the variance assessment via the root-mean
square value of sinusoidal signals. This is certainly a more robust approach, but focuses on low-frequency (up
to audio ranges according to the authors), monofrequency sinusoids. Contrarily, one may prefer to look at power
distribution (i.e., variance or RMS values) for the individual order-dependent, intermodulation products; while
addressing a wide range of frequencies.

The aim of this contribution is to rework the figures of merit describing DACs’ nonlinearities. Taking into
consideration the internal structure and the electronic components that are most typically embedded inside a DAC,
we propose an informed, cascade model; extending that in [5]. This is intended to provide a closer description of
the system and explain the nature of the deviations observed.

The rest of the paper is organized as follows. In Section II we describe the general structure and ideal performance
of a DAC component, following the standard simplifications described in the literature. While reviewing these in
Section III, we identified several limitations of this model. There we derive an alternative, informed linear model
(III-A); revisit the figures of merit described in the literature for distortion assessment when applied on the postulated
system model (III-B), and propose a suitable procedure that matches the latter (III-C). In Section IV we describe

the assessment of two DAC commercial components, while conclusions and future work are included in Section V.

Sources’ Array

i
O
ey

Vout

Word Encoder

Summation
Circuit

{[ o
Switches® Array

Fig. 1. Equivalent circuit model describing the general structure of a DAC.

II. GENERAL STRUCTURE AND IDEAL PERFORMANCE

Generally speaking, the electronics of an [N-bit DAC is formed from the cascade of two blocks as depicted in
Fig. 1: (i) a set of individual currents (voltages) sources, followed by a switching array, and (ii) a summation step.

The structure of module (i) depends on the design of the DAC. Two of the most frequent structures are thermometer
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decoded and ladders; which otherwise may appear in combination. Their goal is to produce individual sources of
fixed value(s). Subsequently, module (ii) allows sources’ summation, depending on the preceding arrays, impedances
{R}} and reference Rp.

Regardless of the inner structure of module (i), let us consider a set of M sources [1]. To these we refer by
their outgoing currents, {Ij; }x=o.... m—1, as for a current steering DAC or their Norton equivalents. For steady state
analysis around the differential voltage input (V) and output (V) of the amplifier in Fig. 1, one would have from
Kirchhoft’s current/voltage laws that

Vo= Vi —-V_=-V_
Vouw= —ao+ar-Vy [linear, no delay] (1)
Vowu—V_o= Rp-I

with some typical (ag, a1), resulting in the well-known virtual ground principle (VGP)

V.= —[I-Rp+ao]/la1+1] — 0, witha; — oo

S )
Vou — RF'I:RF'[Z bkn'Ik]:RF'[WIl'I]

k=0

where binary coefficient bén governs the k-th gate (0 close, 1 open) between (n—1)Tyx < t < nTgk, and is encoded

at the k-th position of n-th digital word, w,,. The latter, results from the digital signal generation process:
z(t) = z(nTuk) = z[n] — Q(z[n]) — w, 3)

Digital word w,, (binary as for Fig. 1 or not) is produced by Q(-), a M’-levels, uniform quantizer applied on the
discrete-time sequence z[n].

Let us focus on the signals connecting the blocks (z,¢)(t) in Fig. 1. These represent, respectively, the time-varying
current produced by the source’s array and traversing the summation loop, and the voltage at the inverting input
V_. In other words, the inputs of the summation circuit. In steady state: i(nTyx) — Wl - I and e(nT) — 0;

whereas time evolution under 1%-order intersymbol interference assumption produces,

. — n n— Wnp—1 — Wp
i(t) = S0 I - paelpl — b, )
(n—1)Tok < t < nTy

with py (¢ b — 5" 1Y the pulse describing k-th gate’s time evolution due to its immediately prior (b("_l) and current
k k p g g Yy P k

(bli") status, and such that py(t = nTC1k|b,(€" — b;en_l) = b,(: so it produces ideal reconstruction for synchronized
clocks [18],[19],[20].

In spite of the ideal, linear model for the DAC, in this contribution we hypothesize that:

1) a nonlinear (NL) model is needed to describe summation circuit behaviour, instead of voy(t)/Rp o i(t);

2) spurious voltages are to be expected due to dynamic evolution, despite VGP simplification (¢ — 0);
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3) sensible deviations affect sources (currents, {I;}, and impedances, {Rj}) producing {fk} and {Rk},

respectively [1].

Based on these and the seemingly independent deviations affecting modules (i) and (ii); we must establish a
suitable and informed, nonlinear model that is specific of the D/A conversion process, incorporates the nonidealities

previously described, is easy to evaluate and interpret.

III. DAC SYSTEM MODEL

Hereafter we describe the proposed nonlinear model. First we enunciate the model itself, which is derived from
the prior hypotheses. Then, attending to the resulting structure, we review several figures of merit for DACs’
performance assessment described in the literature and included in most datasheets. Finally, we derive a novel

procedure based on the proposed structure.

A. Informed nonlinear model

In light of the three previous hypotheses, let us consider the non-ideal current, flowing between blocks (i) and (ii),

i(t) = Sh5 [ i prlelby” = b — e(t)/Ry ] (5)
~ —-—- ————
source switch response summation loop

for w,,_1 — Wy, (n — )Tk < t < nTyy, and with €(t) the actual voltage at the inverting input (V_) of the
amplifier. The latter expression addresses contributions from the sources’ and switches’ arrays, which may deviate
from the ideal static behavior based on hypothesis 2) and 3); as well as from the summation module, involving a
negative feedback loop and the ideal summation of currents. This is unavoidably affected by sources’ impedances,
{Rk} displays characteristic dynamic evolution and NL behavior (hypotheses 1 and 2).

The aggregated effect encapsulated in (5) may be formulated in terms of a nonlinear, cascade system as the one

depicted in Fig.2. The output of this may be written as

HOED DA (RGN (©6)
vout(t) = ho + %, ho(t) % (Rp - ()" [NL, mem.] )

where (6) incorporates deviations at sources and switches, as well as quantization noise whenever a digitized signal
is considered (block i), and (7) deviations referring to the summation circuit (block ii). These include a static
nonlinearity, in the same way as [5], but extends this by introducing a spurious memory effect.

This particular structure originates from the assumption of low prior memory effect found in amplifiers [15],
[16]. Additionally, due to the relatively rapid responses (low memory) at the switching gates, here we assume that
the overall system behavior (incorporating effects due to sources, switches and summation) may be described by a
single generalized, Hammerstein network, only considering diagonal, order-dependent kernels’ (h..(¢)) up to order

Q@ [17]. Such structure considers:
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Fig. 2. Block diagram describing the nonlinear model for a DAC.

1) a nonlinear connection N(-) between the traversing current and the output voltage, up to a given order,

1<r<@;

2) time- and input-dependent evolution, depending on the order of the nonlinearity, {h..(t)};

3) deviations at the input sources, I, &, and gates’ responses, pk(t|b,(cn—b,(€n_l), conditioning the summated current;
ultimately incorporating all nonidealities previously listed. This model may be fully validated through system
identification, provided that one could access the traversing current, 5(t) Meanwhile, the methodology that we
propose for linearity assessment, and the resulting figure of merit, already evidence the adequateness of the model.

This is discussed in Sections III-C and V. We shall now evaluate how figures of merit from the literature perform

on this.

B. Distortion assessment
In assessing DAC’s performance [2] one will frequently find several figures of merit focusing on different distortion
effects. Among these are INL (I'y) and DNL (v4):
Tp=(Iw—1o)/Ise =k v = (Ins1 — In)/Tis — 1 (®)

with 0 < k < M — 1 sources, I}, the actual current produced by the k-th source, and Ijsp = (fM_l — fo)/M.
These are related to static deviations from the ideal, linear transfer characteristic, and therefore should be close to
Z€r0.

Assuming I, = I;,(1 + ay,), {I;} the expected currents and {ay} the respective tolerances, these may be used

to write
Iesr= Io+Iuss [T+ v + (k+1)] )
ary1 =[Ok +l/ (k +1+ fo/fLSB> (10)
so at sampling instant, the current in (6) takes value
i(nTux) = wiT4+wl(aol) (11)

where o stands for the element-wise, Hadamard product. For the sake of simplicity, we consider Iy ~ 0, and

consequently @ o k ~ I' + 7. Hence, for (n — 1)Tiuy < t < nTep,

Z(t): Reconstructed signal £(t): NL distortion - Block 1

i(t) = zn] - S pr(tn) + Sonst adipr(tn) (12)

with pg (t|n) = px <t|b,(€" — b](gn_l) relating to the pulse describing the k-th gate’s time evolution previously referred,
and representing here the interpolation pulses that produce the reconstructed signal, Z(t), from digital sequence
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Then, following from (7) and addressing quantization effect, (t) = &(t) + ¢(t), system output may be written

as:
NL distortion - Block 2

Vou(t) = [Rphy x x| (t) + ho+ —
+ [Rihy * (€+ )] (6) + X0, b+ (Rrd) ] (0)

First addends represent a linear transformation on x(t); the others are noise and distortion terms due to the

13)

hypothesized effects and the proposed system model.
From (13), and considering some full-scale (F.S.) amplitude, low-frequency tone for INL and DNL computation

as in [2],[21]: z[n] = Ags. sin(27nfo/fs), the subtraction of the expected and actual outputs produces:

(Uout - RFHl(fO) : x)(t) ~

i (14)
~ ho+ RrHi(fo) [E+q+ 212 glgj‘cggRrF_lzr] *)

with H,.(fo) the frequency response to the excitation central frequency of the r-th nonlinearity order, memory term,
h.(t). It is a frequency-, time- and NL-dependent distribution, unlike the INL and DNL figures. Thus, these figures
may not be directly estimated from the system output.

Moreover, datasheets also include the total harmonic distortion (THD), a measurement of the harmonic distortion
present, defined as the ratio of the sum of powers of all harmonic components (m > 2) to that of the fundamental
(m = 1) of a monotone of frequency f.

Under the proposed system model, we find that

THD(f) /S0, [REI G (D) / [ReIGal ()] ()

with G, (f) = >, ¢rm - Hy(f), {crm} the coefficients from Chebyshev polynomials [14]. Thus, THD provides
a monotone analysis of the nonlinear behavior of the system and is highly conditioned by memory effects. These
are limiting factors when complex signals are involved.

Finally, one may also take into consideration other figures, such as the intermodulation distortion (IMD) describing
the ratio between fundamental tones’ (f;, f2) and order distortion products’ (p1, p2) power. Once again, considering

the proposed system model, we observe that for an input sequence

x[n] = Ags. [sin(2nnf1/fs) + sin(2rnfa/ fs)]

one would expect for the r-order IMD product:

(16)

Z d H,.(p1f1 + p2f2)

IMD,(f1, ~ AT P1,D2
(f1, f2) FS. VHi(fi) + Hi(f2)

Ip1|+Ip2|=r

This figure is still not descriptive for complex signals (beyond pairwise combination of monotones), and is still
highly conditioned by memory effects, just as THD.

Thus, we conclude that none of these standard figures of merit could be directly estimated from the system output

whenever the proposed nonlinear model matches the system overall behavior.
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Fig. 3. Block diagram describing the evaluation setup.

We propose a novel procedure that separately addresses the aforementioned sources of non-ideal behavior, and

satisfactorily describes the underlying system.

C. Proposed nonlinearity assessment procedure

From (12) and (13), let us consider the setup in Fig. 3. This involves: (1) the device under test (i.e., the DAC;
the model for which is taken from Fig. 2), (2) a linear model for the connection of the DAC to (3) a calibrated
analog-to-digital converter (ADC), including cable, connectors, etc.; and (4) a post-equalization step. The latter
shall compensate colouring effects on the first order response, including high order contributions —) " ¢,1 - hy(t),
see [14]— as well as connection’s response —h.(t).

The signal obtained from the latter setup shall then equate

gln] = '[n] + gi[n] * [he * vou + 1] (nTanc) ~
a7

~ e+ (& +d +d +u+ 7%, gixhexgex (Rpi) ) [n]
Input L Block i + Q’s + Noise NL Block ii (NL Block i)

with g.[n] = >, 4 ¢mr - him[n], and only for synchronized DAC and ADC, while considering additive, white,
gaussian, measuring noise (1)), quantization noises (g, ) due to DAC and ADC, respectively; as well as a linear
component of distortion (£) due to block (i). Primed terms result from the aforementioned post-equalization via
gi[n].

According to (6) and (17), and assuming negligible memory effect due to the switches’ array [15], setup in Fig. 3
displays the structure of a generalized, Hammerstein network, including:

1) a prominent linear term associated to the input sequence,

2) additive, order-dependent, distortion terms,

3) an additive, filtered noise term.

In identifying generalized Hammerstein systems such as the hypothesized one, long, full-scale, exponential,

sweep-sine, chirp pulses may be used [14]. This analog signal may be mathematically formulated as

e(t) = Ags. -sin(¢(¢))
o(t) =2xTfo ((f1/fo)="VT —1) /log(f1/fo) + o

where Agg. is the full-scale amplitude, T > Ty is the pulse duration, (¢g,to) are some convenient phase and time

(18)

initial values, fy and f; the prefixed, lower and upper frequency bounds, respectively. Here we use a digitalized

version of the former, e[n], and cover the following steps:
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Fig. 4. Time-domain NL residue for Agilent’s 81160A and Sundance’s SMT712. Triangular markers located at logy,(r) - T~1 determine the
location of the order-dependent contributors, 1 < r < 5. Below, we zoom around each of these, where differences between the two commercial
components become apparent. Particularly, as we compare their amplitudes we observe a larger second-order contributor for 81160A —see

r=2.

Step 1: input the DAC and compute the linear part of the generalized Hammerstein model (see Fig. 3); then,

estimate a reliable inverse response such as

’ o) FA(e[=n] * e[n])[m]} fo<f<h
=F ; 19
AT=F F el D} ) < L) a9
where F stands for the Fast Fourier Transform and ny = |[log, 2- fs]. Then compute §[n] and the system residue

Stnl = (5= pell = el=nl = (€ + '+ + /)]« el o0

+ 300 R gl + ]
with p = |ly[n] * e[-n]||/|le[n] * e[-n]|| the ratio between output’s and ideal linear response’s power, n, =
|log,(r) - fs] for 2 < r < @Q, fs the ADC recording sampling rate and finally, §,[n] = (g7 * g.-)[n], the remaining,

order-dependent memory effects.

Step 2: for any computed system residue s[n], one may also
1) compute clusters {7;} = {j[n]|w™ = w;},
2) obtain 7} = §; — x; with z; = Q"'(w;) —see (3),
3) compute statistics as per digital word.

The resulting curve describes N (+) in our NL model, after the linear response has been subtracted.
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Fig. 5. Codeword NL average distortion and polynomial trends for commercial DACs Agilent’s 81160A and Sundance’s SMT712.

IV. EXPERIENCES

We evaluated two commercial, arbitrary signal generators: Agilent’s 81160A and SMT712 from Sundance Multi-
processor Tech. Ltd., encapsulating Maxim’s MAX19692 chip. We connected Agilent’s DSO90254A Oscilloscope
at 20 GSa/s (BW=2.5GHz) according to the procedure in Section III-C to collect the corresponding outputs to
full-scale, within respective operating frequency span’s, with f1/fo ~ 32/5 at the respective highest generation
rates.

In Fig. 4 we include the results of Step 1 for the two generators evaluated: the respective system residues. We
computed the standard average across 100 repetitions to mitigate measuring noise effect. By inspecting the curves on
the top of the figure one may easily identify individual peaks, located around system-independent, input-dependent
timestamps {n,/fs}, marked by triangles.

Peaks individually refer to the contributions of the {r = 1,...,Q} orders in the residue. The r-th peak is
associated to contributor g,.[n] in (20); this is, the memory effect from the r-th order kernel. We include a zoom
around each of these for 1 < r < 5 on the lower part of Fig. 4. The responses for the different orders shall
explain the distortion effect in a DAC component. When addressing the static, purely nonlinear model in [5], these
shall reduce to frequency-bounded, delta-like impulses; or ideally, equate zero for a perfectly linear response. In
summary, the proposed figure may well be introduced for a variety of nonlinear models that match the overall
behaviour of digital-to-analog converters; and may be interpreted in terms of energy distribution: the more energy
concentrated on one order, the higher its contribution to the nonlinearity.

According to our results, 81160A displays higher even orders (i.e., larger peaks for even values of r), whereas
for SMT712 odd orders dominate. On (17) we related this to the compound effect of Blocks (i) and (ii) in Fig. 2.
Furthermore, for this same equation and the response delivered by 81160A, the first order contribution (around
n, = 0) mostly related to Block (i) is significantly more relevant (wider) compared to SMT712.

In Fig. 5 we include the results for Step 2. For input sequence e[n], on each unique codeword w; governing the
switches’ array state, we computed the average of 7. Here, polynomial trends perfectly match the order-dependent

contributions on the system residue, depicted in Fig. 4 —even and odd, respectively for 81160A and SMT712.
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Fig. 6. Spectral density of the normalized linear terms and NL system residues for commercial DACs Agilent’s 81160A and Sundance’s
SMT712.

Moreover, the spurious spikes that one may identify by simple inspection are mainly related to Block i —see (17).

Still, one should bare in mind that in computing the NL system residue (20), the linear response of the DAC was
normalized and subtracted. In Fig. 6 we include frequency responses of the purely linear terms (pe[n] * e[—n]) and
the NL system residues’ (s[n]) for Agilent’s and Sundance’s components. Differences in power level between the
linear term and NL distortion vary along frequency, in ranges ca. (35,45) dB/Hz and (45, 55) dB/Hz for Agilent’s

and Sundance’s commercial components, respectively.

V. CONCLUSIONS

Standard figures of merit in conventional specifications of DACs may be misleading considering the internal
structure of a DAC component. Despite the benefits of steady state analysis, actual nonlinear behaviour demands
a more complex approach. In this contribution we have reviewed non-ideal effects described in the literature for
digital-to-analog converters, formulated an informed nonlinear model and revisited several standard figures attending
to the proposed, cascade, nonlinear model for DAC behavior. According to the latter, a novel figure of merit, the
system residue s[n], is proposed for calibrated, high-precision DACs. Its computation requires a simple test to be
performed on a full-scale, band-limited, exponential sweep.

Contrarily to the THD and IMD, the system nonlinear residue describes the device’s full scale response along
the full frequency span of the input, and for the different nonlinearity orders, not just harmonics’ or intermod-
ulation products’ magnitude. Thus, it may well be used while considering complex signals, not just monotones’
combinations. Furthermore, it differentiates between nonidealities affecting DACs’ performance, separating the
memory and nonlinearity static effects from the more dynamic ones; as one would like to have when computing
INL and DNL figures.

By simple inspection one may compare performance for different devices. We compared two commercial, arbitrary
signal generators, and observed systematic differences that may be decisive in high precision scenarios: (i)

1) deviations due to the input sources,
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2) deviations due to a static nonlinearity.

Results for Steps 1 and 2 evidence the relevance of the system residue when describing the overall system
behavior, instead of a direct analysis of the system output as it has been traditionally done when computing INL,
DNL, THD or IMD products or intensive system identification. The proposed figure separates the contributions
of the different blocks in the system in a way that is easy to interpret by simple inspection. DACs’ behavior is
intrinsically, but not purely, linear; while deviations match those that we derived from the postulated system model.

Future work shall extend the characterization of gates’ time evolution in conjunction with the proposed model.
This shall provide further insights on DACs behavior, considering the dynamic evolution of these nonlinear systems.
Moreover, the proposed figure of merit ought to be tested for the characterization of other components that have a
desired response and match a similar nonlinear model. Specifically, one may like to address amplifiers, mixers or

systems involving processes such as modulation and demodulation; all having well-defined, ideal responses.
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