POLITECNICO DI TORINO
Repository ISTITUZIONALE

All-Digital High Resolution D/A Conversion by Dyadic Digital Pulse Modulation

Original

All-Digital High Resolution D/A Conversion by Dyadic Digital Pulse Modulation / Crovetti, Paolo Stefano. - In: IEEE
TRANSACTIONS ON CIRCUITS AND SYSTEMS. |, REGULAR PAPERS. - ISSN 1549-8328. - STAMPA. - 64:3(2017),
pp. 573-584. [10.1109/TCSI1.2016.2614231]

Availability:
This version is available at: 11583/2653423 since: 2019-07-23T09:03:46Z

Publisher:
IEEE-INST ELECTRICAL ELECTRONICS ENGINEERS INC, 445 HOES LANE, PISCATAWAY, USA, NJ, 08855

Published
DOI:10.1109/TCSI.2016.2614231

Terms of use:

This article is made available under terms and conditions as specified in the corresponding bibliographic description in
the repository

Publisher copyright
IEEE postprint/Author's Accepted Manuscript

©2017 IEEE. Personal use of this material is permitted. Permission from IEEE must be obtained for all other uses, in any
current or future media, including reprinting/republishing this material for advertising or promotional purposes, creating
new collecting works, for resale or lists, or reuse of any copyrighted component of this work in other works.

(Article begins on next page)

07 May 2026



IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS | - REGULAR PAPERSOL. XX, NO. XX, 2016 1

All-Digital High Resolution D/A Conversion
by Dyadic Digital Pulse Modulation

Paolo S. CrovettiMember, |EEE

@

Abstract—In this paper, the limitations of digital-to-analog

. .. . . Digital D i Anal
(DIA) conversion by Digital Pulse Width Modulation (DPWM) Fiuly Synthesizable Logic | "ol s Reguatots Domain
are addressed and the novel Dyadic Digital Pulse Modulation "R anelog
(DDPM) technique for all-digital, low cost, high resolution, e v OUPUS | physical
Nyquist-rate D/A conversion is proposed. Thanks to the spé@l Digtal cﬂu‘i‘;&m Tterfaces
characteristics of the new modulation, in particular, the require- Core | Bmbedded A
ments of the filter needed to extract the baseband component Conditening f——] st g oulip o
of DPWM signals can be significantly released so that to be - ADC ol
suitable to inexpensive integration on silicon in analog iterfaces
for nanoscale integrated systems. After the new DDPM techgue ‘M P G— —
and its properties are introduced on a theoretical basis, th b) ostly Digtal Analog Interface
implementation of a D/A converter (DAC) based on the proposg Digital Domain ) :| , Analog
. . . . . Fully Synthesizable Logic Voltage Regulator(s) Domain
modulation is addressed and its performance in terms of no&s .
and linearity is discussed. A 16-bit DDPM-DAC prototype is o Analog oot ]
: ; : Configuration|__ "] DAC  )—i»|  Signal/Power Physical
finally synthesized on a field-programmable gate array (FPGA BercTRL [ Processing Interfaces
and experimentally characterized. Digital | 2 x x el
Core | A2 v RE..)

Index Terms— Dyadic Digital Pulse Modulation (DDPM), Dig- [0« =] ADC><— Anslog Senal g “Sehip

ital Pulse-Width Modulation (DPWM), Digital-to-Analog (D /A) inputs

Converter (DAC), On-Chip DAC, Mostly Digital Analog Inter-

face, Digital Assisted Analog Interface. — o~
Digitally Assisted Analog Interface

Fig. 1. Target applications of the proposed DAC in a) Mostigifal [2-8]
(MD) and b) Digital-Assisted (DA) [9-12] IC analog interfes.
HE limitations of present-day nano-scale MOS transistors
as analog devices [1] have brought an increasing interest

towards mostly-digital (MD) [2-8] and digitally-assistéDA) rather complex, area and power intensive, digital hardware
[9-12] analog interfaces (Als) for present day and futurand require design efforts to avoid in-band spurious and
integrated systems. Both MD Als, where analog signal pretability issues related to the closed-loop nonlinear dyina.
cessing is (almost) completely moved to the digital domaMoreover, multi-bitX A DACs [20] are not fully digital since
and implemented by synthesizable logic (Fig.1a), and Diey require low-resolution (2-5 bit) accurate DACs basad o
Als, where critical calibration, conditioning, configuiat and other techniques.
biasing are managed by a digital unit (Fig.1b), very often In this scenario, digital pulse width modulation (DPWM)
rely on accurate monitoring and generation of continuaus-icould be an interesting option for D/A conversion [21], ginc
amplitude voltages and currents which require on-chipamal it is intrinsically digital, process insensitive and inexsive.
to-digital (A/D) and digital-to-analog (D/A) conversion. Unfortunately, however, the requirements of the outpuérfilt

Analog-to-Digital Converters (ADCs) and Digital-to-Am@ needed to extract the baseband component of a DPWM stream,
Converters (DACs) for MD/DA Als [13] should be mostly-even for a constant digital input, i.e. in (quasi) static dien
digital circuits themselves, with a very good static accyra tions, are very stringent and not compatible with integrati
intrinsically robust to process variations and mismatck an In this paper, the limitations of DPWM-based D/A con-
suitable to be implemented in nanoscale technologies withversion are addressed and the new Dyadic Digital Pulse
minimum overhead in terms of silicon area and power coModulation (DDPM) technique for all-digital, low-cost D/A
sumption. By contrast, bandwidth and dynamic performaneenversion in MD/DA Als is proposed. The effectiveness of
are often not critical [7]. the novel technique is verified on the basis of theory and

Focusing on DACs, state-of-the-art topologies based emperiments performed on a field-programmable gate array
weighted resistances, capacitances or transistor asgios r (FPGA)-based 16-bit DDPM DAC prototype.
are not attractive, since they strongly rely on device match  The paper has the following structure: in Section I, thiestr
and therefore require a large silicon area to achieve a highde-off between resolution and output filter requireragnt
resolution [14-15]. On the other hand, sigma-defia\) DACs  which limits the application of DPWM for high resolution
[16-19] do not provide an output at a fixed rate, often involvB/A conversion, is revised. The possibility to overcometsuc

o ) o limitation is then addressed in Section lll, where the novel

P.S. Crovetti is with the Dept. of Electronics and Telecomioations . . ..
(DET) - Politectico di Torino, corso Duca degli Abruzzi, 240129 Torino, DDPM technique is proposed and the spectral charactevistic
Italy, Phone: +39 011 0904220, e-mail: paolo.crovetti@pdi of DDPM-modulated signals are analyzed. In Section IV,

|. INTRODUCTION
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Fig. 2. Digital Pulse Width Modulation (DPWM) for D/A Conw&on: a)
4-bit DPWM Waveform, b) Hardware Implementation of a 4-bR\WM DAC.
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the hardware implementation of a DDPM DAC is discussed o o1 02 03 04 05 06 07 08 09

and its synthesizable VHDL description is provided while, Normalized Digital Input, n/2"

in Section V, t_he_ Statl(.: linearity and nqlse perforrr?a.n_ce th. 3. Digital Pulse Width Modulation (DPWM)N = 16 bit resolution:

a DDPM DAC is investigated together with the possibility taop) envelope of the spectra of t®6 DPWM waveforms for different

compensate systematic errors by digital calibration. Ictie ?igita' inputs, bottom) amplitude of thel_spedCté?' ,COI”FPG’F&“*}VE fundamental

VI, an FPGA prototype of a DAC based on the novel techniqurt.é?wencyf0 = Je/27 versus normalized digital input/2°.

is then considered and its measured performance is reported

Finally, in Section VII, some concluding remarks are drawn. The resulting voltage waveformppw . (t), in fact, is a
square wave with a frequencfy = 1/(2NTuy) = fen/2V

Il. D/A CONVERSION BY DIGITAL PULSE WIDTH and a duty cycleD = n/2", can be expressed far 0 as
MODULATION (DPWM) AND ITS LIMITATIONS oo ¢ 1 9N
. . e vppwM,n(t) = Vbp Z H< ————k>7 )
The conventional DPWM technique and its limitations as ' it nlax 2 n
a method for on-chip D/A conversion under (quasi) stativ% ere
conditions, which can be significantly released by the nove 1 |z <2
DDPM technique proposed in this paper, are shortly revised Oz) =4 & |z|= ? ’
in this Section. (2) |z| > ;
and its spectrum
A. D/A Conversion by Digital Pulse Width Modulation 400
In a synchronous digital system operated at a clock fre- Vapwin,n(f) = Vbp Z crand (f = kfo), @
quency fax = 1/T.x, where high (“1”) and low (“0”) logic . . . ’f:_f’o
levels are associated to the constant supply voltageand to whered(:) is the Dirac distribution and
the reference voltag®V), respectively, a voltage proportional . kD n o A
to an N-bit binary coden to be converted into analog can ¢kn = Dsinc(kD)e TN SMe o )€ 2, (3)

be obtained by digital pulse width modulatiofDPWM), i.e. . , . .
taking the DC component of the voltagepwnn(t) of a M vy\tnch sinc(z) = sin(mz)/mw, shows a DC component
digital line, periodically driven with a sequence 2f bits n/2” Vop proportional to the input code. This component
consisting ofn ones followed by2™ — n zeros, as shown in can be extracted by a low pass filter (LPF), as shov_vn in Fig.2b,
Fig.2a. Such a sequence can be easily generated by a di taken as the output of avery low cost, fully d|g|taI.DAC,
comparator whose inputs are fed by a register storing th ose static accuracy gnd linearity can .be excellent baiing o
input coden and by anN-bit free-running binary counter, imited by fluctuations in the clock anq in the supply voltage
as depicted in Fig.2b. Unfortunatel;_/, howeve_r, the_z effectweness of _DPWM as
a D/A conversion technique is completely impaired by the
1Uniform sampled trailing edge DPWM is considered unlessemtise requirements of the LPF needed to extract the DC component

specified. The considerations on the magnitude spectra state conditions, 0f @ DPWM signal, as discussed in what follows.

however, apply to all DPWM modulations (trailing-edge, des-edge and

double-edge DPWM), which differ from each other only for mei shift 2The same expression can be extended by continuity to thercase0
under static conditions. (identically null signal). This extension is implicitly ssmed in what follows.
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~~~~~~~~~~~~~~~ T— Torer with a corner frequency of less than 2.4kHz is required to
103k " ________________ To onder] meet condition (5) in an 8-bit DPWM DAC, while a first-
10.4\ N Ul I D b Loderl order (P = 1) LPF with a corner frequency of less than 10Hz
) N 6" order or a second-order{ = 2) filter with a corner frequency below
10 Bl e . 400Hz would be needed for a 12-bit resolution.
§1o-f» If the clock frequency is lower and/or a higher resolution
107 el ] is targeted, the situation is worse and cannot be subdtgntia
improved increasing the order of the LPF abave= 2, as
10 highlighted in Fig.4, where a full picture of the trade-off i
107 given. In practice, for a clock frequency lower thatzHz,
10-10 ‘ ‘ ‘ | | , ‘ ‘ a fully integrated DPWM DAC with more than a 7-8 bit
ooy o g e B #1516 resolution would require active or passive integrated rfilte

which are complex and/or analog-intensive and/or reggirin

Fig. 4. Clock Frequency/Output Filter Corner FrequencgtRetion tradeoff Iarge passives, close to or beyond the limits of feasibility

in a DPWM DAC: output filter corner frequency. normalized with respect .

to the clock frequencyf.; versus number of bits, for different filter orders. The tradeoff between clock, LPF requirements and res-
olution highlighted above completely impairs the potdntia
advantages of DPWM as a technique for on-chip, high-

B. DPWM DAC Filter Requirements and Trade-offs resolution D/A conversion and makes it not competitive with

To discuss the requirements of the output filter of a DPWMther methods. To address this substantial limitationctviis

; ; - felt in the fields of digital audio, power electronicgdan
DAC under (quasi) static conditions, from the envelope &JSO . . . .
the magnitude spectra of th2’ N-bit DPWM waveforms control, improved DWPM techniques [21-30], e.g. involving
defined as " modulated DPWM signals [22], taking advantage of pulses

with a sub-clock time resolution [23], or based on oversam-

max Vpplckn| = max 2 Vop sine (k_”)’ pling and multibit noise shaping [29], have been proposed
0<n<2N ’ 0<n<2y 2N 2N and also implemented in commercial devices. Nonetheless,
and reported in Fig.3 foV=16 bits, it can be observed thatSuch techniques require more complex, expensive and analog
the largest AC component to be rejected over all DPWNtensive hardware than standard DPWM and are therefore
waveforms is at the fundamental frequerf@y(i.e_ fork = 1) not well suited to MD/DA Als. An alternative approaCh is
and it is only a factory, = 1/, i.e. about 10dB, below the Proposed in what follows.
full swing Vpp.

To keep the spectral component at the fundamefgtklow 1ll. THE DYADIC DIGITAL PULSE MODULATION (DDPM)
the upper bound of quantization error= Vpp/2¥*! in the  |n this section, considering that the DPWM sequence in

worst case, a LPF with an attenuationg at fo Fig.2a is just one of thé, ) binary sequences af" bits with
ap < € 7r @) n ones an@” —n zeros corresponding to a digital stream with

Vbpao = 9N+l a mean valuen/2" Vpp proportional to an integer code,

is therefore needed. Since higher harmonics of DPWM signd€ Possibility to exploit other, non-DPWM sequences, et
monotonically decrease with frequency, a LPF providing 5H't€d to on-chip D/A conversion is explored to overcome the
least the same attenuatiom: at frequenciesf > fo is stringent limitations of DPWM discussed so far.

sufficient to have all the harmonics below the quantization

error so that condition (4) can be taken as the specificatién Dyadic Sequences

for the output filter of a DPWM DAC. The strict requirements for the output filter of a DPWM
Nevertheless, meeting (4) is a real challenge for an ISAC are due to the fact that most of the harmonic content of
implementation. For a-th order LPF with an out-of-band 3 ppwM signal is concentrated at the fundamental frequency
asymptotic attenuatiom(f) = (f./f)" increasing with 7 — f.. /9N as shown in Fig.3a, which is inversely pro-
frequency with a slope o0 - P dB/dec above the cornerportional to the number of quantization interva¥ and is
frequencyf. (e.g. a Butterworth filter), to meet condition (4) therefore very low, close to the baseband and difficult to be
it should be rejected. In Fig.3b, it can be observed that the amplitude at
 p oo N, _ NP+ the fundamental frequency is maximum foe= 2V -1 (i.e. the
Je< Varfo= Ym277 fo= Ym2 T Jae ) value associated to E[]Ihe MéB in Ahbit binary represe(ntation),
From (5), for a given clock frequencfy, the resolutiony  which is therefore the worst-case input code that dictdtes t
of a DPWM-based DAC is traded off with the corner frequendpPWM DAC output filter specification (5).
f., which is also an upper bound of the DAC bandwidth. Given To release such a stringent requirement, it can be observed
a 100 MHz clock, for instance, a first-orderP( = 1) LPF that the same input code = 2 ~1, which corresponds to a
DPWM sequence with an equal number of ones, all clustered
3_The at_tenuation is here cons_idere_d as asce_lling factoe (0, 1) and not 0 the first part of the DPWM period, and zeros, all in the
as its reciprocal. At the same time, in discussions, a vafue dose to zero . . .
will be considered as karge attenuation and a value ofx close to one as a second part of the pe”Od* can be more Conven'ently assalciat
small attenuation. to the sequencéy_; = ...10101010... including ones
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S A are non-overlapping, as in Fig.5. Starting from the begigni

DPWM bttt of the 2V-bit frame, in fact, every other of th2"V slots, i.e.
I 2N—1 glots, can be assigned to the (ones of the) MSB sequence
S Sn_1, every other of the¥ ~! remaining slots, i.e2"¥ ~2 slots

D b an e ws me mm wm m spaced by three slots, can be assigned to the (ones of the)

(MSB) I_I I_ I_I |_ I_I |_ I_I second MSB sequencgy_» and so on, till the LSB, which
N takes one of the two last available slots.

& 2 \I \I \I \I Following this approach, a set oV 2V-bit orthogonal
L dyadic sequencesS; with i =0... N — 1, including 2’ ones,

5) 2| | I—I I—I is thus defined and any integer € [0,2"), which can be
R N NS N S S P written in terms of its binary representation as

N-1
=0

A\

v

\4

\4

\/

DDPM
n=10

PEI o N R I - where b; ,, is the i-th binary digit of n, can be uniquely
L,,=8,+8, ‘I i |_| I_I P |_| P expressed by superposition of orthogonal dyadic sequeasces
! N-1
Fig. 5. Dyadic sequences and Dyadic Digital Pulse Moduta{ipDPM) Xp = - bi,nSi- (6)
i—

waveforms.
The sequence:, defined in (6) includes by construction

exactlyn ones and®” — n zeros and therefore corresponds

interleaved with zeros, as depicted in Fig.5. The resulting 4 digital stream with a mean value proportionalit@nd
waveform, in fact, has the same DC component of the MSB,i:-vie to be extracted for D/A conversion

DPWM waveform but, being periodic with perloﬂfclk, It Considering the more favorable spectral properties of ityad
does not include any spectral contentfgtand its AC power goqences, the association of an integeo the binary se-
is all above2™" fy = feu/2, which is much higher thatfo  ; ences:, defined as in (6), which will be indicated hereafter
in a high-resolution DAC, ar_ld is therefore much easier to l%\%dyadic digital pulse modulation (DDPM), is proposed in
sup_prgssed by a lOW'pﬁfg fllter. ) this paper as an alternative to DPWM for high-resolution on
Similarly, the n = 2 Input _code, which correspondschip D/A conversion. The properties of DDPM signals, both
to the second MSB and requires 1/4 of ones and 3f¢ g asi) static conditions and for time-varying input esd
of zeros in a period, can be associated to a sequenge discussed in what follows.
Sn—2 = ...10001000... obtained repeating a pattern of
a one followed by three zeros, as depicted in Fig.5. The ) ) ) o
corresponding waveform, which is actually periodic with & PPPM D/A Conversion under Quasi-Static Conditions
period47,,., again does not show any spectral component atThe DDPM sequence associated to a constant input code
fo and its AC power is all above™—2f, = f../4. It is by (6) corresponds to a digital waveform

worth noting that, even thoug®™—2f, is lower (one half) +o00
than2V—1 f,, the second MSB waveform is not more difficult vppPM.n(t) = Vbp Z x(t — 2N kTea) (7)
to be filtered than the MSB waveform, since the amplitude of e — oo

its spectral lines is reduced as well by a factor two.
. . . where
The same reasoning can be applied recursively down

to the LSB, which can be associated to a sequence Nop2l ¢ N Nl 1
Sp = ...00001000... with a single one oveg" slots, i.e. wn(t) = Z Z binll (Tclk -2 =2 h §>
to a waveform that is periodic with a periodi¥ 7.y this =0 h=0 ®)

waveform has a spectral componenifatindeed, nonetheless, iy 4 spectrum
it is extremely weak and requires just an attenuation of 1/2

(i.e. 6dB) to be rejected below the quantization error level. B . k

The sequences; introduced above, which includ® ones Vadpm,n(f) = Voo Z Ckn SINC | O (f = kfo) (9)
spaced o2V~ positions, will be indicated aisth orderdyadic h=reo

—+o0

sequences hereafter. where fo = 1/Ty = feu/2" and
N-1 oN-i_1 _
B. Dyadic Digital Pulse Modulation Chom = Z by 20N Z 5 [k —2'm] o—smm(1+27N)

It is interesting to observe that dyadic sequensgsup i=0 m=0 10
to the (N — 1)-th order introduced thus far, which are much 511is the K ker function defined (10)
easier to be filtered than the DPWM streams with the sarwgere [] is the Kroenecker function defined as
mean value, can be arranged in2&-bit frame so that the Sinl = 1 n=0 (11)
positions of the “one” pulses belonging to different sequeen [l = 0 n#£0.
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On the basis of (9), the DC componeiit-£ 0) of a DDPM
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Fig. 8. Comparison of 16-bit DDPM (a) and DPWM (b) wavefornusre-
sponding to the input code = 29398 (0x72D6, normalized decimal value:
0.448577) filtered with a LPF designed following (12) and ¢omparison
of the errors in the filtered output voltage sampled at tBAET.;, vs. input
code in a 16-bit DDPM DAC and in a first-ordétA DAC with the same
LPF.

stream$ [30] for constant inputs ranging from to 2V — 1,

waveform is n/2V Vpp as expected and it is thereforevhich is plotted in Fig.6a for comparison. Unlike iBA

suitable to be filtered to perform D/A conversion. Moreoveptreams, however, the spectral content of DDPM waveforms
the contributions to the spectrum of the terms associatedifoconcentrated for all codes at dominant dyadic harmonics

the binary digitsb;, which are spaced bgif, and whose k=m-2""", withm, h € N for small values of > 0. This
amplitude is scaled bg’, can be also noticed. can be also noticed in Fig.7, where the dominant harmonic

_ _ coefficientsey, ,, for & = 2?7 with p € [8, 15], are plotted versus
To discuss the requirements of the LPF needed to extract {ie input coden.

DC component of a DDPM waveform for D/A conversion in
guasi-static conditions, the envelope of the DDPM magmzitu%t
spectra for0 < n < 2V is now considered in analogy with
what presented in Section Il for DPWM waveforms, and
plotted in Fig.6a forN 16. Here, the2i-th harmonic
components, corresponding to the powers of two= 27,
whose amplitude is increasing with frequency by 20dB/deca
are clearly visible. Such increasing behavior is oppositiat
observed in Fig.3 for DPWM spectra, and can be found in thesq, 4 fair comparison with DDPM, the spectra of the first-ord2A
envelope of the spectra of first-order, single-bit, diglfah streams have been evaluated taking the fifstclock cycles.

Looking at Fig.6a, a LPF which attenuates the fundamental
fo of only 6dB and with an attenuation increasing with
frequency by at least 20dB/dec is sufficient in a DDPM DAC
% reject the harmonic content of DDPM signals below the
quantization error threshold = Vpp/2V*! for any input
é;ode n. These requirements are easily met by a first-order



IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS | - REGULAR PAPERSOL. XX, NO. XX, 2016 6

20

LPF with a voltage transfer function

H(f)= — 1 Shere Je= Jo (12) %—’o PP i :
1 + ] f—fc C \/g % N BDPX:& @alias freq. Zg
b=} Distortion
as shown in Fig.6b, where the envelope of the DDPM spectga»«o L D%:fﬂ 3
considered in Fig.6a and filtered by such a LPF is reporteds.; S0l
Comparing (12) and (5), which summarizes the requirez

ments of a filter fora DPWM DAC, a first-ordeP(= 1) filter, = " Y .-
with a corner frequencg™*!/(r+/3) times higher than that | 1 IHTH?T”NUII&
needed for a DPWM DAC, is suitable to a DDPM DAC with ", ‘
the same resolution and operated at the same clock frequency

10
Norm. Frequency, 1+ //(64f)

it means that a 16-bit DDPM DAC operated faty = 1 GHz, ’ o
requires just a simpl&C output LPF with a corner frequency _. * DD%MJ
of about10 kHz, which can be implemented by a capacitor ofs = - Buchnd  @as

20 pF and a resistor of aboutM$2 and can be conveniently
integrated on silicon requiring an area of less tBab00 zm?
in a 40nm CMOS technology.

The same LPF would be completely not effective to reject
the AC component of a DPWM signal, as shown in Fig.8a§'”"
b, where the time-domain DDPM and DPWM waveforms -2 -
corresponding to the same input code- 29398 after filtering 140 | .
are shown. A LPF with a corner frequency®f Hz, i.e. more gy | 1O Freduency, 1/ A64)
than 20,000 times lower, not suitable to integration, wdagd

i _hi ig. 9.  Comparison of the spectra d&f = 16 bit DDPM, trailing-
required for a 16-bit DPWM DAC operated at the same Clocg%ge DPMW, double-edge DPMW, and by zero-order hold (ZOHjlutaded

frequenCY-_Moreovera from Fig.SC,_ it can _be observed that fQequences corresponding to a full swing sine-wave sequemgled withé4
almost all input codes, the error in the filtered output of a (top) and16 (bottom) samples per period.

DDPM DAC, sampled at time = 2"V T, from the beginning
of the conversion, is significantly less than in a first-order

single-bit© A DAC with the same LPF designed as in (12).around frequencies f, and their amplitude is related to the
coefficientscy, ,, defined in (10). Since such coefficients are

relevant only fork > 1, as shown in Fig.7, the spectrum of a

D. Time Varying DDPM-Modulated Sgnals _ S )
. N , , DDPM signal is similar to the spectrum of a ZOH signal up
While DDPM-based D/A conversion in quasi-static condig the first multiples of the sampling frequency.

tions has been considered thus far, the spectral chastiztsri
of a DDPM modulated signal corresponding to a generic inpgitgnal in a special case, a full-swing, uniformly sampled
sequences, of positive integers represented a@¥ bits is sine wave input sequenc,e quantized 6%r: 16 bits. is
now considered. With thg notations introduced above, SUSBW considered. The spectra of the corresponding ,DDPM—
a sequence can be associated to a DDPM waveform modulated signals sampled @& and 16 samples per period
Vop X ¢ 1 are compared in Fig.9 with the spectra of the ZOH, of the
us(t) = S5 s, (1)1 (? —5~ m) (13)  trailing-edge DPWM and of the double-edge DPWM signals
m=—00 0 associated to the same sequence.
where x5, = x77f|n:sm and z,, is defined in (8), with a It can be appreciated that, unlike DPWM modulations,
spectrum whose spectral characteristics are analyzed in [28], DDMP
Yoo L doesdncl;t gi(;/e rise toI baseband signaldhalrlmonic_ distortigh ar;1
(F) — AR N to sideband spectral components and all spurious under the
V=) Z Ok (fTo) Vaon (fTb — k) sine (2N) a4 Nyquist frequency are more than 100dB below the fundamen-
tal. Moreover, the spectrum of the DDPM signal is similar
to that of the ideal ZOH signal up to the first multiples of
the sampling frequency,, as expected from (14), while its
I harmonic content increases with frequency as in Fig.6a.
Cr(§) = Y crsne ™" =DTFTy {crs,,} (€) (16)  The requirements of the reconstruction filter for a DDPM
m=—o0 DAC with time-varying inputs are therefore the same disedss
andcys,, = Cknl,_, Wherec, are defined in (10). in the literature for an ideal ZOH signal [31] and are less
It can be observed that the term of the sum in (14) fatringent compared with DPWM. In particular, for an-bit
k = 0 is the spectrum of the ideal zero-order hold (ZOHPAC, a P-th order LPF with a corner frequengy. so that

signal resulting from the conversion of the sequergeby
sinc(f0_2f6> ( fe )P :g (E)PH <—1
fo Jo—2fe ™ \ fo 2N+t

DDPM,
ZOH
0 <-100dB

de Spectra, [

il

|

4

il it

To illustrate the spectral properties of a DDPM modulated

k=—o0
where
Vzou (&) = Vpp sinc (€) e 7™, (15)

an N-bit multilevel DAC [31]. Moreover, the spectral contri-
butions due to the terms of the sum fbr# 0 are centered
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Fig. 10. Implementation of a 4-bit DDPM modulator using a @lfgister.
Fig. 11. Implementation of alv = 4 bit DDPM modulator based on a
priority multiplexer (variables appearing in the VHDL codé Fig.12 are
is required. In particular given the ordét of the filter, its reported in frames.)
corner frequency should be

_ N+42 process (cl k)
fe < PR/m 27 P fy. (17) variable INDEX : integer := N:

The requirement (17) foP = 1 is more stringent than (12);;22]: ﬁbl e DATA  std_logic_vector(N downto 0);

derjved_ under quasi—stgtic conditions .since an increaed-a if (clk event AND clk="1') then
uation is needed to reject the ZOH-like spectral components DATA := DAC IN(N-1 downto 0) & '0O;
of a DDPM signal at the first alias frequency. Nonetheless, for i in N1 downto O |oop
to get accurat@” -level-quantized voltages proportional to a if ONT(i) ='1" then
. . . . . INDEX : = 1i;
sequence of input codes (i.e. to retrieve the ZOH signal in end if:
itself, rather than its baseband component), as often deede end | oop; ’
MD/DA Als [7], the output filter of a DDPM DAC can be de- DDVP_QUT <= DATA(N- | NDEX) ;
signed considering the less stringent quasi-static rement CNT <= ONT + " 17}
(12) rather than (17). end if

The reconstruction filter requirements (17) can be furthspd process

released by oversampling, interpolation, and noise-sigapi_. o o _

techniques proposed for DPWM DACs [29]. While thes@g. 12. Simplified VHDL Description of the DDPM Modulator irig.11.
aspects will be addressed in future work, the hardware im-
plementation of a DDPM-based DAC is discussed in t

. hfn architecture, whose behavior is described in synthalsiza
following.

behavioral VHDL in Fig.12, is based onpaiority multiplexer
(PMUX), i.e. a combinational network with N inputs, among
IV. DDPM MODULATOR HARDWARE ARCHITECTURE which N data inputsDy_; --- Dy and N selection inputs
The feasibility and the practical value of a DDPM-based,_, ---S,, and one outputX, described by the Boolean
integrated DAC is strongly related to the possibility to geate function

DDPM sequences:, using a simple digital architecture Nl il

like the DPWM modulator in Fig.2b. To this purpose, the X =3 Dnoi1-Si- [[ 5 (18)
hardware (HW) implementation of a DDPM modulator is now =0 k=0

addressed. where sums and products are intended as Boolean OR and

Considering how orthogonal dyadic sequences are arrangédD operators, respectively. In such a network, the digital
in a DDPM pattern, a simple DDPM modulator can beutputX takes the value of the biby_; of the data input,
implemented by a parallel-input-serial-output (PISB) bit being k the index of the first “one” in the selection inputs
shift register as shown in Fig.10. The content of the registetarting from the LSB, i.e. the index for whick, = 1 and
is loaded from the parallel inputs, which are hardwired ® thS; = 0 for i < k, and it is assumed that= 0 if all selection
outputs of the data register according with the DDPM pattemputs are at zero.
in Fig.5, at the data raté, = f.i /2" and it is shifted to the  The data inputs of the PMUX are fed by the DAC input
serial output at the clock frequengyi,. This architecture does data register, which samples the DAC input codest a
not require any combinational logic and is therefore sigtabrate f.; /2", while the selection inputs are connected to
to operate at a very high clock rate. Nonetheless, sire&-a a free-running2”-bit binary counter operated at the clock
bit PISO register is needed, its implementation is impcatti frequencyf.i. Considering such an architecture, every other
and area-consuming for a resolution higher than 5-6 bits. clock period (i.e.2¥~! times in a full count),S, = 1 and

To address the limitations of the DDPM modulator inhe outputX takes the valuédy_; of the MSB of the input
Fig.10, a different implementation is proposed in Fig.1dcls data. In the remaining counting periods = 0 and in one
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half of the cases (.22 times in a full count),5; = 1 % v A

= +_
and the outputX takes the value of the second MSBy _» Vi Mo

of the input. Applying the same approach recursively down j&\\&w\& %
to the LSB, the outpufX, which corresponds to the DDPM NN ! ‘ >
<le» i i i i

modulator output, is driven in a full counting period to the
logical value of the bitD; of the input exactly2’ times, Vooew
arranged according with the DDPM pattern in Fig.5.

Since, based on (18), a PMUX can be implemented by
two-level logic with just N 4+ 1 gates with an average fan-
in of (N +1)/2, the DDPM modulator in Fig.11 is well
suited to be operated at a high frequency compared with"™
3 A DACs [30], which require power and area-consumivig =
bit pipeline adders [32] for a high throughput. The DDPM \
modulator architecture in Fig.11 will be considered heeaf |
for performance assessment and experimental validation. @

DDPM

V. DDPM DAC LINEARITY AND NOISE

While the DDPM technique has been introduced thus far
with reference to idealized digital waveforms, the mairtdes |
which may limit the static accuracy of an on-chip DDPM

i ; i iAot _+~Fig. 13. Double slope error: a) Real vs. |deal digital pulge®a ErrorA A

D_AC InC_Il.Jdmg non-instantaneous hlgh to-low and low todefinition, b) incremental DDPM pulse (dashed) foe [0,2V ~1) increasing

high transitions, power supply ﬂUCtU_a“OnS and NONZErogrOWof one unity, c) incremental DDPM pulse (dashed) fore [2V—1,2%)

supply impedance - are discussed in this Section. increasing of one unity, d) DDPM DAC static characteristi§ppw ()
showing double slope error (intentionally emphasized Hastration).

LSB=7V,,2" (1-a) n

2.\71 2.\'

LSB = V,,,2" (1+a)

A. Finite Switching Time and Double Sope Error

During transitions, thepppy voltage waveform is mainly
related to parasitics, in particular to the digital line aajpance nVppTek +nAA  n
’ . . ? \% = = —Vpp(l+a«a 20
to the non-zero output resistance of the driver and to thetinp PRPM 2N T gN "PP ( ) 9

slope of the signal that triggers the transition. Depending and the pulse area errohA gives rise to a gain error
such factors, which affect rising and falling edges in aatéht , — AA/(VopTe) which does not impair the linearity of
way, the area of a digital pulse lastifgclock periods (dashed 3 DDPM DAC. Moreover, from Fig.13c, it can be observed
area in Fig.13a), can be expressed as that forn € [2¥~1 2V), MSB slots are at “one” and any
kT e+t gan increase by one unit in corresponds to an additional pulse in
Ap g = / vpppmdt = kTeVop + AT — A~ (19)  the DDPM sequence which fills a gap between two next MSB
0 slot®, thus canceling a rising/falling edge pair and reducing

and is in general different than the aréd.uVop Of @ the actual number of separate pulses by one unit. Consigerin
rectangular pulse lasting clock periods, by the area errorthatp, = 2V-1 forn = 2¥-! forn € [2N=1 2N) the number

AA = AT — A=, Such an error affects the mean value of reg separate pulses is given by= 2" — n and

digital waveforms of a quantith AA/T, beingh the number n

of rising/falling edge pairs (i.e. the number of standalone Voppm = 55 Voo (1 —a)+aVpp. (21)

pulses) in a periody, possibly affecting the linearity of D/A _ N_1 oN

conversion. In DPWM DACs, however, the impact of thé‘S a consequence, also for Input COdES.[z .’2 ) the .
ulse area erroAA considered so far gives rise to a gain

ulse area error on linearity is small since DPWM wavefornf® ) . . .
ﬁlclude just one pulse pe): conversion peridd £ 1). By and offset error but does not impair the linearity of the DAC.

contrast, this could be a concern in non-return-to—zeroZ)\lRconsidering both (20) and (21), however, A4 # 0 the

single-bitS A DACs [19-20] and also in DDPM DACs Wherecharacteristic of the DAC is piecewise linear, changing its

H __ 9N—1
the number of standalone pulses in a period depends on tﬁlaOpe_ in correspondence of= 2 - Thedouble slope error .
input code and can be quite large. highlighted so far can be fully compensated by pre-proogssi

Nonetheless, looking at the DDPM pattern in Fig.5, it capi1e input data. To this purpose, beinghe actual value to be

be observed that every other time slot in a period is assign%%verted’ the input code/

to the MSB, so that all digital inputs € [0,2V~!) are %J for 0<n<2V"'(1+a)
associated to DDPM waveforms includingstandalone “one” n' = J”;N,] N N
pulses, which are separated from each other by (at least) %J for 2V71(14+a) <n<2
one MSB slot at zero, like in return-to-zero (RZ) DACs, A% here
shown in Fig.13b. Hence, for any < [0,2V~') in a DDPM
waveform, beingh = n, the DDPM DAC static characteristic

can be expressed as 5In this range, the DDPM DAC can be regarded as a return-toeoh@.

(22)

[-] is the rounding operator to the closest integer, should
be applied as an input code of the DAC.
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B. Power Supply Fluctuations multiples of 2¥—" for a smallh > 0 and corrupts the
While a constant power supply voltagé,p has been ideal characteristics of a DDPM DAC with a gain error that

assumed so far, the power supply of digital circuits can glepends on the input code interval and can be therefore define
affected by fluctuations due to noise, interference and talso@S Multiple slope error, in analogy with the double slope
the current absorbed by the same DAC, that is translated i¥$0" considered in Section IVa. Such an error can be fully
a power supply voltage drop by the nonzero impedance ggmpensated by digital pre-processing, by the same agproac
the PCB and on-chip power network. In order to analyze ti#!strated in (22), dividing the input range into. = 27

effects of power supply variations, it is now assumed that t§Ub-ranges, calculating different slope correction fecto,
supply voltage can be expressed as: i € [1,m] on the basis of best linear fit of the uncalibrated

DAC characteristics over each sub-range, and applying such
vpp(t) = Vbp + vaa(t) (23)  correction factors to the input code, i.e. applying an input

and vqq(t) a time-varying fluctuation related to noise and n' = T+
other unwanted effects. Limiting the analysis, for the sake o Nep : oN—py .

simplicity, to a constant input code (i.e. a periodic DDPM), for me(i—1)-2""Pi-2877) ie(l,m] (28)
based on (7) and (9), the error on a DDPM waveform due Bingn the actual value to be converted.

power supply fluctuations,q(t) can be expressed as

being Vpp the nominal DC value of the supply voltage {n_ (i_1)2N—pai_lJ

= N D. Random Noise
Vdpm (t) = vaa(t) kz on(t =27 kT ) (24) " As far as random supply fluctuations are considered in (26),
_ - the standard deviation of noise-induced errors in the dutpu
and its spectrum voltage can be expressed as
+oo
Vdd m,n f) = Ck,and f - kf ) (25) n? =
P ( k;oo ( O) O§Vopem,n — 22—NSVdd (0) + ; Ci,nSVdd (kfo) (29)

whereVyq(f) is the Fourier Transform of44(t), includes a

DC component where Sy, (kfo) is the power spectral density (PSD) of

supply noise, assumed to be stationary.
In (29) two contributions can be highlighted: the first is
VopprM,n = Vadpm,n(0) = Z crnVaa (ko) (26)  related to the low-frequency noise PSD, the second is rklate
h=eo to the noise PSD at higher DDPM harmonics. While the first
which corrupts the mean valugpppwn,, associated to the contribution increases with the input codethe second term,
input coden, with an error related to the spectral componenifa constant noise PSD (white noise) is assumed, is dominate
of the fluctuationsvqq(t) at the harmonics off,. Such an py the term includingy~ -1 ,,, which increases fon < 21
error, which can be deterministic or random depending on thad decreases for higher codes, as depicted in Fig.7. As such
nature ofvqq(t), will be analyzed in what follows. according with (29), the overall noise standard deviatien i
related to the input code and increases witfor n < 2V—1,

C. Deterministic Supply Fluctuations - Multiple Siope Error ~ While it remains almost constant for > 2V~', where the

Considering power supply fluctuations which are detemcreasmg contriputipn of the first term is balanced by the
ministic and periodic with the same period of the DDPI\ﬁjecreaSIng contribution of the second.
signal, like those due to the voltage drop on the power supply
impedance induced by the current absorbed by the pppmY!-
DAC, (25) can be written as To validate the DDPM technique proposed in this paper, a
Yoo 16-bit DDPM DAC prototype has been synthesized on FPGA
SV = Vadpmn(0) = 2R cnVaa (kf (27) and its static performance has been measured. Experimental
Do adprm.n (0) ,; {enVaa (kfo)} results will be discussed in this section, after a shorbuhic-
gon on the prototype implementation and on the test setup.

—+o0

FPGA PROTOTYPE ANDEXPERIMENTAL RESULTS

being%{-} the real part operator. Taking into account of th
dependance ok andn of the coefficients:, j illustrated in
Fig.7, it can be observed that the more relevant contripstio A FPGA-based DDPM DAC and Test Setup
the sum in (27) are those related to dominant dyadic harmonic A 16-bit DDPM modulator based on the architecture in
kE = m-2Y=" with m,h € IN and small values of, > 0 Fig.11 has been synthesised starting from its VHDL descrip-
and the magnitude of such contributions is a piecewise fing@n on an Altera Cyclone IV FPGA mounted on the DE2-115
function of the input code, showing2” triangular oscillations evaluation board, so that to drivela8 V digital output with a
for 0 < n < 2V, DDPM signal. The synthesised DDPM DAC required only 53
As a consequence, the systematic error highlighted in 7HPGA logic elements (to be compared with 55 logic elements
globally a piecewise linear function af where the main slope needed for a 16-bit DPWM modulator based on the archi-
changes occur in correspondence of input codemteger tecture in Fig.2b), operates at a clock frequency @ MHz
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Fig. 14. Spectrum of an unfiltered 16-bit, 100MHz DDPM sigealre-

sponding to the input code = 43690 (0XAAAA), calculated on the basis of Fig. 15. Experimental test setup used to measure the statigersion
9 (a), and measured, taking the FFT of the output voltageeoFPGA-based characteristic of the DDPM DAC FPGA prototype.
prototype acquired by a digital oscilloscope.

have been evaluated and are reported in Fig.16 and Fig.17,
respectively.
In Fig.16, in particular, both the raw INL characteristic of

corresponding to a sample rafie= f.y. /2" = 1.526 kHz and
includes an on-board outp@C filter © with R = 180 k2 and

C'= 1nF, designed for a corner frequency of ab@80Hz  yo converter and the characteristics obtained with thitadlig

n accorda_nce with (12). compensation of the double-slope and of the multiple-slope
The unfiltered output voltage of the FPGA-based DDPI\érrors are shown

modl_JIator for the_ "?p“‘ coc_je = 43690 (OX‘_ AAA) has been It can be observed that the uncompensated INL shows a
acquired by a digital oscilloscope and its spectrum, evaIH,-

ated from the Fast Fourier Transform (FFT) of the acquirqfiangu'ar shape due to the double slope error, as described

. - . Section 1V, and reaches a peak value of about 110 LSBs,
waveform is compared in Fig.14 with the DDPM spectru . : - =3
calculated on the basis of (9). rBorrespondlng to a gain errar = 4.48 - 1072 in (20)

M he DAC ic ch isii has b and limiting the effective number of bits (ENOB) of the
oreover, the static characteristippa (n) has been o, erter over the whole range to about 8.5. After the digita
measured with the test setup in Fig.15. Here, the FPGA,

EBmpensation of the double slope error, performed as in (22
which the DDPM DAC under test is synthesized, is configurq e r?eak ”\IH_ is reduceduto aboﬁt 15 LSES and the ENIgE(S 0]2

to periodically increment the DAC input code _by one unitl’he converter raises to 12.1. The same INL can be obtained
from 0x0000 up to OXFFFF, and to generate a triggering pulggy, ¢ calibration, using only one half of the input randge o

signal every 2s. At each triggering pulse, four samples ef t e DAC, leading, in this case, to an ENOB of 11.1
filtered DDPM output of the DAC are measured by a 6.5- It is interesting to observe that the INL characteristieaft

digit digital multimeter Agilent 34401A and are forwarde_ he compensation of the double slope error still includes a

vVia a ge_n_e_ral purpose interface bu§ (GPIB) to a P(? runnlg?stematic piecewise linear component, denoting the teffec
an acquisition procedure developed in the Matlab envirarime

- f the multiple slope error discussed in Section IVc. After
;gguznggsﬁc:ﬁgem of the full DDPM DAC characteristic too&e compensation of the multiple slope error over= 16

intervals by (28), the measured INL does not include sys-

tematic components any more, is less than 2 LSB for almost
B. Experimental Results and Discussion all codes and an ENOB of 15.4 is obtained. It is worth

Based on the experimental DDPM DAC transfer charactenr?ting that the quite large uncompensated INL of the FF.)GA

istics Vopea(n), the integral nonlinearity error prototype can _be_ related to the f_act that a standard digital
output, not optimized for symmetric edges, is employed and

Vopopm(n) — Bn — Vorr its operation is affected by a significant capacitive load at

INL(n) = ' (30) PCB level (ESD protections, pads, PCB traces,...). A better

LSBig
_ ) performance without compensation is expected in an on-chip
where 3 (ideally Vpp/2") and Vorr (ideally zero) are implementation.

the coefficients of the best linear fit of the measured data,ln Fig.17, the measured DNL of the converter is reported

_ 16 _ . . ) _ c
LSBis = Vpp/2™° = 271V is the least significant bit at 16- e dots) for each input code. It can be observed that almos
bit resolution, and the differential nonlinearity error all measured values are in thelLSB range. Moreover, the
DNL(n) = INL(n + 1) — INL(n) (31) standard deviation of the four samples acquired in sequence
for the same input code has been considered to highlight
5The clock frequency and of the values of the filter compondots the impact of random n0|$e in this mefisuremem and the
the prototype have been chosen considering the PCB imptatiem (PCB +30 bounds are reported in the same figure. Since almost
parasit!cs, external digital drivers, discrete_ compoaer_]t). Different_choices all DNL values lie between thet3os bounds, the results
(e.g. higher clock frequency and lower filter capacitancd/@nresistance) f th d . db d . bei
would be surely more appropriate for an on-chip implemémaand will be of the measurement are dominate y random noise, being

considered in future work. the actual systematic differential nonlinearity of the wamer
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Fig. 18. Measured Differential Nonlinearity (DNL) ibSB1¢, obtained as in
o (31), from the measured static characteridtigpwr(n) of a 16-bit DPWM
significantly better. DAC with the same output filter of the proposed DDPM DAC.

It can be also observed that the measured standard deviation
increases with the input code up to= 2¥~! and remains
substantially constant - and equal to about 0.3 LSBs - for The results of the measurements performed on the FPGA
higher codes. This is in qualitative agreement with whas it prototype and reported so far are summarized in Tab.| arel giv
expected for a DDPM DAC in the presence of random noise @nclear picture of the advantages of DDPM over DPWM as a
its power supply voltage, considering (29) and the follayvinhigh resolution D/A conversion technique suitable to adslre
discussion in Section IVd. the requirements of high-resolution, low cost D/A convensi

in MD/DA Als.

C. Comparison with DPWM and state-of-the-art techniques

In order to highlight the effectiveness of the proposed
DDPM technique, a 16-bit DPWM modulator, based on the
architecture in Fig.2b has been synthesized on the samén this paper, the novel Dyadic Digital Pulse Modulation
FPGA and using the same output LPF of the DDPM DACDDPM) technique has been proposed to overcome the lim-
prototype and its static characterisfi¢pwn(n) has been itations - mainly related to the output filter requirements -
measured by the same test setup. In Fig.18 the result of tfedigital pulse width modulation (DPWM) as a technique to
DNL measurement, obtained as in (31), is reported. It can perform on-chip D/A conversion in present day mostly digita
observed that the error, not properly due to nonlinearity band digital assisted analog interfaces. After the effecidss of
rather to the large ripple of the DPWM output voltage, nahe DDPM approach is analytically demonstrated considerin
sufficiently filtered and randomly sampled by the multimgtethe spectral characteristics of DDPM modulated signals, th
can be as large a52000 LSBs for the worst-case input codegmplementation of a DDPM modulator has been addressed and
close to2¥~!. Such a value limits the ENOB to about 4a compact DDPM modulator architecture has been proposed
bits and is in agreement with the discussion in Section Il. Tind described in VHDL. Moreover, the limitations to the istat
obtain approximatively the same performance of the catl#tora accuracy of a DDPM-based DAC due to the shape of real
DDPM DAC reported in Fig.17, an output filter with a cornedigital voltage waveforms and to fluctuations in the power
frequency 0f0.04 Hz (e.g. withR = 2.7 MQ andC = 1.8 uF) supply voltage have been analyzed, showing how the DDPM
would be required. Using such a filter, however, the DA@chnique is particularly well suited to achieve a gooddiity.
would settle to the target 16-bit accuracy in about 6 minut&snally, a prototype of a fully digital DDPM-based DAC has
so that to be impractical not only for a fully integrated, bubeen synthesized on an FPGA and its main static performance
also for a PCB implementation and its characterization.  have been measured and discussed.

VIl. CONCLUSION
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TABLE |
EXPERIMENTAL RESULTS FOR THEDDPM AND DPWM DAC.

Param. unit DDPM DPWM
calibration 1 5 16 N/A N/A
segments

. 8.5
~ 168
ENOB bit (aL1h) 121 | 154 | 4 ~ 16
INL +LSB 110 15 <2 4 -

DNL +LSB 1 1 1 2,000 -

Logic
Elements 53 55 55

Sample Sis 1,525 1,525 | 1,525

Rate
BW (3dB) Hz 880 880 0.036
Settl. time ms 7 ] 9] 11 3 360 - 103
R kQ 180 180° 2,700
C nF 1 17 1,800

+ achieved using only one half of the input swiigDPWM DAC
implemented using the same RC low pass filter used for the DDPM
DAC considered in the first two columrisDPWM DAC with an RC'
filter designed according with (4) for a 16 bit resolutiontiBsited data
are reported since the measurement would be impractical.
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