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Abstract—This article presents a new LowPass Delta Sigma e e, a
Modulators (LPDS) architecture to improve the noise shapirg — ~ —
for high frequency applications. The errors resulting from @ Zj% P2l PG \
approximations made by calculating with 12~ coefficients are 1-z* 1-77 1-77
compensated. Simulations with extracted parasitics of théayout A A
are made and give a SNDR of 111dB, 3.8mW power consumption
at 4GHz in 65nm CMOS technology for UMTS standard.
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Fig. 1. Classical third order LPDS with added noise sourcesepresent
|. INTRODUCTION truncation errors

The world of mobile telecommunications is in constant
evolution. The appearance of new services leads to ingease
in bandwidth and carrier frequencies. Furthermore, thegsowerm of Signal to Noise and Distortion Ratio (SNDR) and
consumption of mobile devices must be as low as possibledgding efficiency ).
order to increase the usage time of batteries.

These constraints suggest the use of circuit blocks with higl. COMPARISON BETWEEN A CLASSICALLPDSAND THE
efficiency at high frequencies. A "full-digital” system wiolu NEW LPDS
achieve these goals more easily than a RF analog syst&Mnjasgical LPDS

because digital technology has many advantages. Firspfuse . . o
digital CMOS technology allows for a reduction in cost, die 19-1 presents a typical LPDS architecture used in digital

area and energy consumption. Second, a nano-scale tegbmo[BOdU'atorS- _AII goefficients are represent_e(_j by power of two
allows for operation at high sampling frequencies. Finadly N or.der.to simplify the calculathng. To minimize the numbe
digital system is easily reconfigurable in order to have atimul©f bits in the LPDS, 1; coefficients are used after the
standard chip. integrator. However in a digital LPDS, c.allculatlpns are mad
The "full-digital” system described herein is composed gvith integer numbers so the use of coefficients like"1leads

two parts. The first part is configured to shape the signal frdi) introduction of truncation errors. In pratice the N Least
the base band using interpolators and Delta Sigma Modslatggnificant Bits (LSB), which represent the truncation erro
(DSM) like [1]. The second part amplifies the signal prior t&"€ 10St. _ _ _
transmission. For the second part, a high efficiency switghi ALPDS can.be described by two transfer functlonfs, a Signal
mode power amplifier (PA) is used. The approach of usinﬁ‘anSfer Funcuon (STF) and a Noise Transfer Furlctlon (NTF)
these different parts in an emitter was first presented by A€ fruncation error can be represented by noise sources
Jayaraman and al. [2] . added _after the coefficients as illustrated in Fig.1. Withsth
This article focuses primarily on a LPDS modulator. ImtWO noise sources, a new NTF can be calculated (X = 0) :
provements were made over a classical feedback modulator of — (2).(Q + D1(z).e; + D2(z).¢2)
the Cascade-of-Integrators FeedBack (CIFB) type [3]. This ¥ _ y7p. . —

modulator has been optimized in order to compensate the _ NTF,, =Q(2).D1(2), Y = NTF,, = Q(2).Ds(2)
er — . eq = .

errors resulting from approximations made by calculating “ 2 (1)
with 12"V coefficients. By re-injecting this error in the loop (1—2z"1)3

through an appropriate structure, it is possible to imprinee Q(z) = T+d 2L tdyz2+dgz3

noise shaping. In section Il, a comparative study between a 272 1
classical LPDS and the proposed LPDS is discussed. Sectiere D1(z) = (12 1)2 andD2(z) = == We
[, describes the implementation of the LPDS in 65nm CMOS di=a3—3; dy=3+as/co —2.a3

technology and presents layout extraction (Resistors ‘aCap ds=a3—1—a; —az/co

itors + Coupling Capacitors, (R+C+CC)) simulation resiuits make the approximation that the quantification ergprand
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Fig. 2. NTF without correction
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-b- Implementation of the
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Fig. 4. Representation of theoretical and implementedection circuits
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As shown by these equations, the ideal NTE (s not mod-

the truncation errors; ande, are white noise sources withified. The correction circuits change only the noise shaping
the same variancer}. So, it is possible to determine the totaPf the truncation errors. Soureg is integrated and delayed
NTF (NT F,1q;) Which represents the global noise shaping ¢fince, ande; is delayed of one step. Fig.5 shown the new

the LPDS.
Fig.2 displays the three NTENT F4eai, NTF.,, NTF,,)

NTF. Sourcee; increases the noise in the band [0 ; 0.01] and
eo leads to the same noise shaping as the quantization error

and their SUn{NT Fyo;a;). As can be seen, the noise soutge @. The noise due to the truncation errors is reduced so the
increases the noise in the normalized frequency band [04] 0.8V 7 Frota IS closed to theN'T Figeq, relative to theNT Fiora
and the noise sourae increases the noise in the normalizeg' the uncorrected LPDS, compared with Fig.2.

frequency band [0 ; 0.17] compared with tN& F; 4..;. So the
truncation errors increase the noise in the lower frequenci

and as a result decrease the SNDR.

B. Improved LPDS
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Fig. 3. Third order LPDS with truncation error correction
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Fig. 5. NTF with correction circuit

As discussed above, the truncation errors due to the calcu- _
lations, with 12V coefficients, decrease the SNDR becaude Comparison of the two LPDS

the two new noise sources are addeddndes). In order to

We have demonstrated that it is possible to improve the

decrease the impact of these two noise sources, the trancatioise shaping of a LPDS by taking into account and correcting
error (deleted bits) are re-injected before the coeffisienthe truncation error. In order to verify this improvement
through a filter as shown in Fig.3. In two's-complemer4 simulation is made with a 2.5MHz sinusoidal input and

arithmetic, a division of an integef0¢ 2% — 1]) with a 12V
coefficient consists in separating the Most Significant Bits
(MSB) wherem = k — N andn LSB wheren = N. The
sign of the integer is kept by the MSB and then LSB are
always positive within range db; 2™ — 1].

a sampling frequency of 3.96GHz. Fig.6 shows the output
spectrum of the two LPDS. In the twenty first MHz, the noise
is reduce by 25dB with the improved LPDS. The noise shaping
is also better in the [0;200]MHz band with the proposed LPDS
relative to the classical LPDS. Potentially, using two ioyad

The filtersH,, are not necessarily the same and each can bEDS in an 1Q transmitter as described in [4] [5] would allow

designed in order to compensate for tNg' F,, and NTF,,,
respectively. We now consider the correction circuits, =

a noise decrease in a banddof) M H ~ centered on the carrier
frequency. We break down the LPDS in three stages. The

H., = z7!, illustrated in Fig.4. The equations (2) give thdirst and second stages are composed of an integrator and

news values ofD; and D, with the correction circuits :

a correction circuit (or a 2/ coefficient for the classical
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Fig. 6. Comparison between the output spectrum of the 2 LRD&2.5MHz  Fig 8. Histograms of each signal in the three stages for a WSBignal
sinusoidal input at 3.96GHz sampling frequency input

. _ . _ I11. | MPLEMENTATION OF THE CORRECTEDLPDS
LPDS). The third stage includes the last integrator. Obsgrv A Number of useful bits

the signal after the integrators and the correction cisc(or ] ) o )
12N coefficient), one can see why the noise increases inThe main design objectives are the total power consumption,

the low frequencies in a classical LPDS. Fig.7 represergs tifi€ die area and the maximum sampling frequericy.(The
histograms of each signal for the different LPDS. In the firétS€ Of & correction circuit does not increase the number of

stage, signals have the same dispersal. Neverthelessthafte US€ful bits in the LPDS as can be seen in II-C. Fig.8 represent
integrator of the second stage, a non-zero offset appedneinthe simulated histograms of signals within the improved SPD

classical LPDS case. This offset is due to the integration Wfth @ WCDMA input signal. The 12 bits WCDMA input sig-
the truncation error which leads to an increase in the noiggé! sampled at 3.84MHz has been interpolatedfand shape

at low frequency. Reduction of the truncation error using tfPNce by a multi-bit Multi-stAge noise SHaping (MASH)[6]
correction circuit discussed herein decreases this offese LPDS in order to have 4 bits at the third order LPDS input.
to zero and as a result reduces the noise at low frequentyese histograms illustrate the number of useful bits with t
Operation with the 1 coefficient reduces considerably thdYP€ Of input. As can be seen, the two first integrators have
number of bits, and the representation of signals is cestef@€ Maximum dispersali-22; 22| and[-16; 17] respectively.
around zero. In the third stage, the truncation error resullumber of useful bits is the number of bits required to
in further offset at the integrator output. This offset isamy ePresent this dispersal and a sign bit. In this LPDS and for
reduced when the correction circuit is included in the DSMDIS input signal, the number of useful bits is 6 (5 bits foe th
The correction circuit results in an output of the integrabat "umber and 1 for the sign).

is approximately symmetric around zero. As can be seengn Firg and second stage topology
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-b-
Fig. 7. Histograms of each signals in the three stages fotwbel PDS Fig. 9. -a- First stage topology -b- First stage optimizecider to have
adder with only 2 inputs

Fig.7, the correction does not change the varianég ¢f each Fig.9-a displays the schematic of the first stage (which may
signal as compared to the classical LPDS. There is the sabgethe same in the second stage). This stage is defined in two
number of useful bits in each of the two LPDS. parts. A first part includes an adder with three inputs and a



delay cell (i.e. D-latch) which consists in an integratodanFor GSM, SNDR is calculated by integrating the noise over
feedback. A second part includes a D-latch and an adder watbandwidth of 100kHz and for UMTS over a bandwidth of
two inputs, which form the correction circuit. The adder o2.5MHz. Furthermore, SNDR is calculated as a function of
the correction circuit is in series with the first adder of ththe output signal power in order to be independent of the STF
second stage. These two adders are equivalent to an adpen. For both standards, sampling rate is set to 4Ghz.

with four inputs. In order to have the maximum sampling Fig.11 shows the SNDR and the coding efficiency versus the
frequency, adders should have a minimum number of inputgput amplitude for the different standards. For UMTS a peak
and each input should have the minimum number of bits. TINDR of 80.9dB and 111dB is achieved and the corresponding
minimum number of input is two (without the carry input).coding efficiency is 1.5% and 4.84% respectively without and
One can modify the schematic of Fig.9-a to optimize theith corrector. For GSM a peak SNDR of 126dB and 181dB
number of inputs for each adders. Fig.9-b shows an exampldé®fichieved and the corresponding coding efficiency is 1.53%
this optimization. In this new schematic, two "special adtde and 4.83% respectively without and with corrector.

are used. They are configured, with judicious choice ofdhe

. . . . i’ . 180 )
coefficients, to inverse the sign bit of the first input as show ¥ 2
in Fig.10. 160 1
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The improved LPDS discussed herein has been implemented
in 65nm CMOS technology. All cells (NOR, NAND, etc) Fig. 11. SNDR and Coding efficiency with and without correcto
are designed in classical static logic, excepted XOR and
XNOR which used Passgate logic. Simulations are made from
layout parasitics extraction R+C+CC. Table | gives the main IV. CONCLUSION
characteristics of the LPDS. Two simulations are made, with A new architecture of LPDS is proposed in this paper. This
new architecture is based on the re-injection of the triooat
error in order to increase the SNDR and the coding efficiency.
Compared with a classical LPDS, SNDR is improved of 30dB,
n is three time better and only 6 bits are used. The simula-

TABLE |
LPDSMAIN CHARACTERISTICS

'\Sﬂgic:ilcatlons Zacl;lfzs tions with extracted parasitics shows a power consumption o
Powersconsumption 3.8mW 3.8mW@4GHz. More complex correction circuit with higher
Area T40zm X 20zm order LPDS can be used to improve the noise shaping even

more.
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