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Abstract— Frequency-Band-Decomposition (FBD) is a good Il. THE EXTENDED FREQUENCYBAND DECOMPOSITION
candidate to increase the bandwidths of ADC converters based SOLUTION
on Sigma-Delta modulators, especially in the context of software ) )
radio, where very large bands need to be converted. Each modula- An EFBD is composed olV + 2 parallel Sigma-Delta mod-
tor processes a part of the input signal band and is followed by an ulators (Fig. 1 - part A), wheré&/ is the number of modulators
adapted digital filter. A new solution, called Extended Frequency- required to process the input signal baifd. . . f,]. Two extra
Band-Decomposition (EFBD) has been proposed during the ANR )4, 5t0rs are used in the case of large analog mismatches

VersaNUM project, allowing large mismatches in the analog . L .
modulators without performance degradation, at the price of SO that the useful band; ... f,] remains within the working

a calibration of the digital stage. This paper is an abstract of the band of the EFBD. The outputs of all channels are merged by

whole project and presents its main results. a digital system (part B) to reconstruct the input signal.
U PatA:Andog || g  Diditd recondruction svdem |

‘ modulators ! : Part B : Digital reconstruction system
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In the context of software radio, where very large bands ﬁ* modulator 1
need to be converted, the Frequency-Band-Decomposition : |

(FBD) [1], [2] is a natural way to widen the bandwidth of i ‘

Complex
modulator

Sigma-Delta converters [3], using parallel ba_ndpasg nzadul *,  fnslog g“ﬂdfm"omd‘z‘éfo# ;ggfm‘a;foﬁ
tors. Each modulator processes a part of the input signal ban ! :

. . : | n " ' omplex L & omplex
[4]. Continuous-time (CT) modulators are the fastest tegpim o ;ggmﬁmﬂdecmﬂmk "W«TT' =

as they possess one key advantage over their discrete-time L s S |
competitors: no sampling is performed within the filter litse
allowing central frequencies in the gigahertz range. An im-

plicit anti-aliasing is performed by the analog filter [Shus Fig. 2 gives as an example, the noise power densities

reducing t.he.constralnts at the mqu of .th? cor-lverter. .. of each modulator YT F*), where all resonator frequencies

The main issue of the FBD solution is its high sensitivityjitrer from their ideal values by a constant value plus rando
to the central frequencies of the bandpass modulators.runf@iismatches (modelling process non-idealities). The Qofact
tunately, the filters of CT modulators are usually sensitve ot he filters are equal to 50. The boundaries between the
process dispersion and temperature conditions. band of each modulator are represented by vertical lines. In

Extended Frequency-Band-Decomposition (EFBD) [Ghis example f; = 0.2, fo = 0.3), the 10® modulator is not
makes it possible to convert a wideband signal, using maraliised as its band is completely outside the signal band.
continuous-time bandpass modulators. This solution is &bl  The benefit of the use of two extra modulators is shown
adapt to the analog mismatches of the modulators causedi¥ig. 3, which shows the precision (in term of SNR) of an
variations in the manufacturing processes, in order tomize@ EFBD converter function of a shift of the central frequescie
the quantization noise of the system. As in many conversiof all modulators. It was shown in [6] that after calibration
systems, a calibration of the digital part of the EFBD bec®me shift of one subband on the left or the right does not have
unavoidable. consequences on the performances of the converter.

This paper presents a full solution for an EFBD converter.
The second section of this paper gives the global topology of
the EFBD converter. The third section presents the design ofOur goal is to design wide-band Sigma-Delta modulators
the CT Sigma-Delta modulators. The fourth section preserable to work with a central frequency betweef, and0.3 f,,
the signal processing associated to the FBD converterllfsinawhere f, is the sampling frequency. A sixth order topology
the fifth section concludes with the perspectives of thisisolhas been chosen, which is a good compromise between
tion. performance, spurious-tones, stability and sensitivitsrialog

Fig. 1. Extended Frequency Band Decomposition architecture

IIl. CT MODULATORS DESIGN



e the length L is proportional to half wavelength. Changing th

\ RHLM ; \ ; \ ] resonance frequency, while keeping standard lateral dimen
N sion, is possible through specific electrode designs [8k Th

electrical model of a one-port LWR resonator is a RLC in

parallel with a capacitor. The capacitor effect can be dadce

using a differential amplification as shown in fig. 4 [9].
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Fig. 2. Boundaries with non-ideal modulators Fig. 4. Resonator topology

the resulting transfer function can be expressed as follow:

14+ < e ——«ﬂi\m calbration | H.o — Vs o ImCms @)
sl " Ve 14 RpCins + Ly, Cry 82
121 without calibration | The modulator topology must use filters with an enumer-

ator containing only a term proportional to A candidate
topology is given in fig. 5. The denominators of the filters
10} , » ] (dpl to dp3) have the same shape as (2). The NTF can
be controlled by several degrees of freedom : coefficients
b'1,6'2,0'3, 91,92, 93,94, T2, and the DAC delay. The opti-

8r 1 mal DAC delay will be equal td.95T; for a central frequency

‘ ‘ ‘ ‘ ‘ equal t00.2F. It should bel.08T; for a central frequency
05 o 05 1 52 equal to0.3F;" [10].
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Fig. 3. Effect of a central frequencies shift on the perforoganof the bank
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mismatches. The best way to design a CT Sigma-Delta mod-

ADC —

ulator is to start from a discrete-time Sigma-Delta modadat  x® Ll
filter transfer function, which satisfies all the demand inrte L}L‘
of resolution and stability. Then, the transformation egsed DAC

in (1) will be used in order to achieve its CT Sigma-Delta

. Fig. 5. Modulator topology
filter counterpart.

The signal transfer function will be controlled by coeffi-
_ _1,G(s)B(s) - cientskg, k; andk,. The whole analog filter realization, using
(1 -1 1 _ k 0, k1 2 ,
Fz) === Zr{L] I Zkakz @) differential elements is shown in fig. 6.
D(z)

L~! denotes the inverse Laplace transfordi; the z-
transform at sampling period and B(s) denotes the delay
and non-ideality part of DAC and ADC functionality.

Among all the possible ways to realize the modulator's CT
filters, we have chosen solid-state filters using lamb waves
[7] [8]. The structure of Lamb Wave Resonator (LWR) which
is similar to Surface Acoustic Wave resonator (SAW) and Fig. 6. Analog Filter
Film Bulk Acoustic Resonator (FBAR), is composed of a
piezoelectric layer sandwiched between two thin elecsode The Gm elements are voltage to differential current con-
and placed on a membrane. However, FBAR operates usiragters, the Z are dual current to voltage converters, aad th
vertical wave propagation; the LWR employs lateral waviel element are true differential current to current conwsrte
propagation. Indeed, in LWR, the resonance appears whearrent mirrors).
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IV. SIGNAL PROCESSING ASSOCIATED WITH AFBD flat in the work band of the modulator, the modulator which
CONVERTER is to be used for each frequency is the one whose noise power
A. The digital processing of a FBD converter density is _the lowest at this _freql_Jency._ _ _
o ) ] . . The noise transfer function is optimized by tuning the
The digital processing associated with each modulator j§,ndaries between modulatgs k = 1..N +1 from f*~ to
composed of a demodulation that brings the signal to basebgit-+1 The frequencies used for the modulator and demodulator
(demodulation frequencies are denogéfgu), of a comb filter 5re geduced from these values:
that performs a decimation, of a FIR filtéf, (z) that removes
the out-of-band noise, of a signal transfer function cdioec fE = (fF1 4 Ry )2, ©)
C1(z) and of a modulation. The complete digital processing

for one modulator is summarized in Fig. 7. The frequencies and the bandwidths of the lowpass filters.

used for demodulation and modulation are expressed as ratio fr_ e
nal numbers so that the sequences are finite and can be stored Afy = %for k=1.N. 4)
in a ROM [6].
It has been shown in [6] that an error 6% in the width
Phase shift of the subband((05% of the sampling frequency) causes a
coome + ; resolution loss less than 0.1 bit. Thus, the boundary freque
i VN o , values (f*) can be quantized with a step = F,/1024. The

i
i :
HE, Comb fiter /| FiRfiter

bandwidth of each subband would be 12 or 13 steps if all

Modulator WY_V \ STF_ § Real part A
output_ n 'k;”] o }éj: o modulators were ideal.
C\mmkf(ﬁ e | | AR e Imag part The input of the EFBD must be first grounded. The noise

|/ | FIRfiter
’ T power produced by the quantization is minimized by varying
;’f;éecs;iﬁgngle modulator 4 the values of the boundary frequencigis The demodulation
sequence and the lowpass FIR filters are fully determined by
the knowledge of these values ((3) and (4)).
Fig. 7. Extended Frequency Band Decomposition architecture The adaptation scheme given in Fig. 8 was used. The

) ... scheme itself uses the processing of the digital part pteden
The ROMs can possibly be replaced by spare logic if thg £ig 7. The estimate of the converter noise power is:

ASIC technology does not allow user-defined ROMs. The
computing resources needed for one modulator are summa- . TRRL
rized in table I. The first two columns of the table give the P= A Z
number of multipliers and adders required for each function S n=1
The two last columns give the synthesis results of eachy s the number of samples used for the power estimation,
function in a0.12m digital technology in terms of flip flop 7 and @ are the outputs of each filter (Fig. 7) .
number, gate number and areasf,?). The synthesis has been
performed from a VHDL model of each function. The target R S
resolution is 14 bits. The FIR coefficients are quantized én 1 —— s, [~ 3

N+2

(Ix[n]? + Qr[n]?) ®)

+

~
Il

bits and the sine functions on 12 bits. | D EFBD
] [ A
TABLE | 3 P DIGITAL i imeger ot ESTIMATOR
COMPUTING RESOURCES FOR ONE MODULATOR w PROCESSING |
D[ v i 1
Multipliers | Adders FFD Area 3 I
ROM Gates | (mm?) PatA: Andog | Boundaries
Demodu- 140 p modudos |
lation 0 (Npie) *2 | 25K 0.025 ADAFTATION
Comb filter 0 472 30072 ALGORITHM
0 42 2.2K*2 | 0.025*2
Lowpass 1.8K*2 Fig. 8. Quantization noise minimization
FIR filter 64*2 64*2 15K*2 | 0.2*2
STF 630 . . .
correction 8 10 6.8K 0.08 The proposed algorithm is based on a so-called relaxation
_ 140 method. Initial values are those obtained theoreticallg. (i
Modulation 4 2 25K | 0.025 design typical values). The algorithm changes iterativaly

boundary valugf® betweenf*—! and f*+! for k = 1 to N+1
o ] in each sequence. The first boundary remgingnd the last
B. NTF Calibration algorithm boundary remaing.
The NTF optimization of the system consists in using, for This algorithm has also been tested in a simulation. The
each frequency band, the modulator that has the best sigmabult is given in Fig. 9. We verified that the convergence to
to-noise ratio. As the signal transfer function is usualljtey the optimum value is also reached after three sequences for



‘ ‘ the modulation sequence used in the last stage of the digital
sonercss b ] processing [6].

S The STF calibration is performed in two steps: first adjust
the transfer function of each modulator, then adjust thespha
between adjacent stages. The whole algorithm is presented i
[13]

T
1

[ Sequence 1 ] Sequence 2
13-

135

Theoritical resolutiol

1
ey

1

1
I

1

125

ENOB (bits)

7 This paper described the design of a whole frequency-band-

decomposition converter composed with bandpass Sigma-
Delta modulators. A topology for sixth-order bandpass
‘ ‘ ‘ ‘ ‘ continuous-time Sigma-Delta modulators was proposed. thi
5 oo B 2 30 topology permits the design of modulators with a wide range
of central frequencies. This topology is adapted to a large
kind of bandpass filters (LC filters, SAW, BAW, LWR filters).
The digital processing associated to this filter bank has als
been completely defined as well as the calibration algosthm
all kind of mismatches (with systematic or random errors dn order to become immune to most of analog mismatches.
the modulator’'s central frequencies). The whole calibration process proposed in this paper can be
With 400 MHz analog frequency, each noise power calcperformed in few ms, which is compatible with the power-up
lation performed from 4000 samples takes € to perform time of any communication system. All this study concludes
(the OSR of the system is equal to 5), and each sequemssitively about the possibility to build wideband coneest
in the worst case approximately 2.25 ms (9 boundaries areing parallel Sigma-Delta modulators without requiring a
varied among 25 values). The total NTF calibration time fatrict analog trimming.
3 sequences can be estimated to 6.8 ms.
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Fig. 9. Evolution of noise power during iterations -on line-
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