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ABSTRACT Hybrid filter bank (HFB) is widely used in frequency-interleaved analog-to-digital converters,
but traditional HFB structures suffer various degrees of imperfections. This paper presents a new-structure
HFB based on power complementary pair. The proposed architecture only needs M-1 analog analysis filters
in M-channel frequency-interleaved analog-to-digital converters, and the analog analysis filters can satisfy
the pairwise power complementary property. Therefore, the new structure simplifies analog circuits to a
larger extent compared with traditional structure. Based on the proposed structure, an estimation algorithm
is put forward to estimate the channel mismatch errors and filter bank mismatch errors. Accordingly,
calibration is carried out in digital domain. Experiments are performed on the basis of designing a four-
channel 20 GS/s 12-bit frequency-interleaved analog-to-digital converter system, and the simulation results
prove the effectiveness of the proposed method. Average distortion error of —6.8192 x 10~!9 dB and an
average aliasing error of —104.84dB can be achieved after calibration, and resolution of this architecture
can be up to 14 bit.

INDEX TERMS Channel mismatch errors, filter bank mismatch errors, frequency-interleaved analog-to-
digital converter, hybrid filter bank, power complementary pair.

I. INTRODUCTION

Signal sampling system of modem information equipment
such as radar, holds an ever-increasing high requirement for
both the resolution and the sampling rate of analog-to-digital
converters (ADCs). However, single ADC can satisfy neither
of them at the same time.

Multi-channel structure plays a pivotal role in many imple-
mentations to design High-speed and High-resolution ADC
system [1]-[3]. Theoretically, multiple-channel structure
improves the sampling rate proportionally with the increasing
number of channels. Nevertheless, the mismatch between
channels makes the performance worse than expected in prac-
tice.

Time-interleaved ADC (TIADC) is firstly studied, which is
extremely sensitive to time skew. Since the time skew prob-
lem of TIADC is strongly correlative with the frequency of
input signals [4]. There are many publications [S]-[7] which
have presented several calibration methods. However, it is not
suitable for a high resolution especially in the high bandwidth
(up to GHz) implementation [8]. The parallel ADC structure
based on quadrature mirror filter bank (QMFB) overcomes
the disadvantage of TIADC [9], but switch-capacitor filters

limit the speed of the system and introduce switching noise,
which may degrade the performance of designed system.
Hybrid filter bank (HFB) is similar to QMFB in principle.
Fig. 1(a) shows the prototype HFB, where 2 is defined as
the analog angular frequency and w = QT is the digital
angular frequency. The analog analysis filter bank divides the
overall input signal frequency band symmetrically, as shown
in Fig. 1(b) where €2, is the cut-off frequency of input signal.
The allocated sub-bands are sampled by ADCs in different
channels, and the sampled data is reconstructed via digital
synthesis filters after up-sampling at [10] and [11]. However,
constructing a traditional structure of HFB faces many chal-
lenges. The mixed channel mismatch error and filter bank
mismatch error make the estimation and calibration difficult.
In literature [12], a calibration method of filter bank mis-
matches was proposed which, however, fails in considering
the channel mismatches. In literature [13], the effect of the
channel mismatches on the Frequency-Interleaved analog-
to-digital converter (FIADC) system has been analyzed, yet,
it did not set forth a calibration method. There was a blind
estimation method for the analog filter parameters in [14],
but this method needs oversampling and can only be used to
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FIGURE 1. (a) M-channel FIADC structure. (b) The frequency distribution
of M-channel analysis filter bank.

calibrate filter bank mismatch error. Therefore, it is necessary
to propose a joint calibration method that can calibrate two
kinds of errors synchronously.

Another challenge lies in how to design analog and digital
filters to ensure adequate channel separation and accurate
reconstruction of the converted signal. In the traditional struc-
ture of HFB, the analog analysis filters shall be designed
as low-pass, band-pass and high-pass and divide the input
signal into several sub-band signals symmetrically [15], [16].
To minimize the filter bank mismatch error (i.e., distortion
error caused by the unsatisfactory amplitude-frequency char-
acteristic of analog analysis filters and aliasing error caused
by the mirroring due to the sampling and interpolation), filters
need to be properly designed so as to present good filter char-
acteristics like sharp cutoff and large stopband attenuation
which will increase the order of analog analysis filter.

Literature [17] presents mixed norm optimal design of dig-
ital synthesis filter to compensate the inadequacies of analog
analysis filter. Literature [18] proposed a cosine modulated
HFB. However, they all base on traditional HFB structure.
A power complementary pair-based structure of HFB is pro-
posed in [19]. Regardless of sharp cutoff and large stopband
attenuation, the analog filters of this structure only need
to show a power complementary. However, it can only be
used in the two-channel FIADC. This paper proposes a tree-
structure of HFB based on power complementary pairs. The
analog analysis filters aim to decompose the input signal to
alleviate the requirement of the ADCs rather than channeling
frequency domain into sub-bands. The filter of this HFB does
not need narrow transition width which is inversely propor-
tional to the order of the filter, therefore, high filter order
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can be avoided. To minimize the distortion error and alias-
ing error, a corresponding calibration technique is presented
which can calibrate filter bank mismatch error and channel
mismatch error such as offset as well as gain mismatch error
in the meantime.

Il. TREE-STRUCTURE HFB BASED ON POWER
COMPLEMENTARY PAIRS

The output of M-channel HFB shown in Fig. 1 (a) can be
expressed as [10]

()= S (-2 (),

where MTs is a sampling period of single ADC. The system
transfer function is given as,

() = o St (12 ()

where m is the serial number of sub-channel, H,, is the analog
analysis filter transfer function of the m™ channel, and F,,
is transfer function of the m™ digital synthesis filter. For
perfect reconstruction, the ideal distortion function Ty (ej“’)
should be the delayed and scaled version of input signal,
while the ideal aliasing function 7}, (¢’) ,1 < p < M — 1
should be zero. Therefore, the perfect reconstruction (PR)
condition [20] of the M-channel FIADC is expressed as,

M—1

p=0

M—1

MlT Hy, ( ;;) m (e/‘”) = ce /o

1 = 1 w 2w
Hp (j2 - 222\, m(d‘”):o
MT; = Ts MTyg

where ¢ is nonzero constant referred to as the scale factor
and d is the system delay. In accordance with the principle
of the two-channel HFB in [19], Fig. 2 displays a power
complementary pairs-based M-channel tree-structure HFB,
where M =2V,

The analog power complementary filter pair Vo and Wy
decomposes the ideal time-frequency plane. Then another
analog power complementary filter pair V| and W; decom-
poses the output signal of Vjy and so on. After N times of
decomposition, N pairs of analog analysis filters decompose
the input signal into M analog signals. Each signal is sampled
by ADCs whose sampling rate is one in M sampling rate
of system. Then M digital signals can be obtained. Each
digital signal is up-sampled by M and filtered by digital
synthesis filter pair Cy_1 and Dy _ respectively. M/2 digital
signals can be obtained after filtered signals paired addition.
The above operation shall be repeated until all signals are
merged into one, then perfect reconstruction digital signal can
be achieved. When N equals to one, the tree-structure HFB
becomes two-channel HFB based on power complementary
pair described in [19].
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FIGURE 2. M-channel tree-structure hybrid filter bank.

Each channel has N analog filters and N digital filters.
The equivalent analog filter function H,,(j<2) and digital filter
transfer function F,,(¢/*) of each channel are expressed as,

N-—1
Hy Q) =[] S (2. m. k)
k=0
_ gy, iVt =2 2N =0
S G m. k) = !Wk (), [i2V =22V =1
4)
and
N-1
. (eiw) = [] R Geo.m. k)
k=0
C (ejwzk) ’ Li/zN—k—lJ
. —2]i/2"" 1 =0
R (jo, m, k) = Dy <ejw2k)’ Li/2Vk1 |
=2[i2N =1,
Q)

where | X ] is the rounding off of X, k = 0, 1,2...N — 1 is
serial number of filters and m = 0, 1, 2...M — 1 is serial
number of channels.

From (3), (4), and (5), the PR condition of the M-channel
tree-structure FIADC can be expressed as (assume M7y = %),

N-1 w ok w ok
Vi [ = ) Ci (%2 Wi =)Dy ( e/*?
kl;[0|: k(]Tx) k( )+ k(]Ts) k( )i|

zefja)d
N-1 w  2mp ok
Vi = — == ) ¢ (%2
&["(’n ]MTS> ()
1) 2np . ok
Wi lj— —j Dy (%) | = 0.
- "(’Ts ’MTS) f( )}
(6)
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Ill. DESIGN OF HYBRID FILTER BANK

It is not necessary to design the analog analysis filters of tree-
structure HFB as low-pass, band-pass and high-pass. They
only need to satisfy perfect reconstruction condition in (6).
Based on the Mathematical Deduction, we can prove the
lemma: the analog analysis filters can meet the PR condi-
tion expressed in (6) in premise of satisfying the following
condition

() () w7 (o) =

. . Tq w2k
Vilj—= —j=— | Cx (¢ 7

o . 7q ok
we (2 - i 29 \p (e"” ):0,
* k(% 2kTs) ¢

where q is an odd number and is no more than 2k and the
system delay satisfies

N—1
i=Y d. ®)
k=0

Proof: For N =1, we can see that equation (6) is same
as equation (7). So the lemma is true when N = 1.
Assume that the lemma is true when N = r, where r is a
positive integer. Therefore, when p is an odd number which
isnomorethan2" and0 <k <r —1,

Vi ]2> Cy (e/'wzk) + Wi (]2> D (ejwzk) — pJwdk
T T

Vilj= —j=—=) Ci (€® 9
U Jszs) k( ) ©
Lo . TTp ok
Wi (j= —j=— ) Di (¢“% ) = 0.
* k<]TS 2kTS) ()

r—1

ForN =r+1.Letd, =d— )Y dy, from (6) and (9), we can
k=0
get,

V, (J%) C, (e’“’Qr) + W, <J%> D, (e/wZ") — ojodr
S N

(10)
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When p is an even number and no more than 27+ e can
deduce that at least one multiplication factor in (6) equals to
zero according (9). Therefore, (6) is tenable in this case.

When p is an odd number and no more than 2"*!. From (7),
we can get,

2 2"
Is ~“MT;

W, (;’Y ]ZJT?)D, (efwz")zo (11)

where M = 2V = 2"*+!_ Accordingly, (6) is tenable. In sum-
mary, we can conclude that the lemma is true. Equation (7)
can serve as the PR condition.

In the case that the digital synthesis filters can be designed
as delayed conjugations of the two analog analysis filters,

that is Cy (ef“’zk) = Vi (_]Tﬂs) e~/ and Dy (eia)Zk) _
Wi —j%) e 794 while —r < w < m, based on (7),
the power complementary condition can be shown as,

N N
Vi (’i) Vi (‘Ji)
N L
i (i) =1
N % N
w5 i3 ) v (7)
+ Wi (1% —jz’;—’;s) Wi (—1%) =0 (12

Respectively define analog filter transfer functions Vi (j2)
and Wi (j2) as,

Vi @) = — LU (13)
Ex () + O (j2)
and
. O (j2)
Wi () = , 14
LU= 509 1 009 (1
where E(j2) = Y a, (jQ2)"(n = evennumber & n < Ny—1)

is the even part of the polynomial By (j2), and Ox(j2) =
> ay () (n = odd number & n < Ny — 1) is the odd part

onf the polynomial By (j€2) which is defined as,

Ni
B () =Y an ()", (15)

Ny is the order of the filter and a,, is the nM polynomial of the
denominator.
According to (13) and (14), it is easy to observe that

(=) Vi (== = ) Wi (== ) =
TS TS TS TS (16)
w
W, v, vi (2w (—'ﬂ):O.
k(TS) k( T)—l— k JTS k\ =T,
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To satisfy (12), use Genetic algorithm [21] to design the
analog filters with the objective function defined as,

o[ Elnbs) mly e

where ¢ is an odd number which is less than or equal to 2%,
From equation (3), we can get,

H (jw) F (e/'w) —E (e/w), (18)

where F () = [Fo (e/) -+ Fy (¢) ]T is the vector of
frequency response for synthesis filters expressed in (5), and
H (jw) is the matrix of analog filters’ transfer function which
is expressed in (4) and (19), as shown at the bottom of the
next page, and E (ef“’) is the vector of frequency response for
the distortion and aliasing transfer functions

E(ei‘”)z[eiwd 0o - 0], (20)

Using the inversion of matrix H (jw) to solve the (18), we can
get the expression of digital filters.

F(efw) = H(ja))’lE(ej‘”>. Q1)

Then design digital synthesis filters using inverse fast Fourier
transform: given the system delay d and N sample of
the synthesis filter Fourier transform F,, (ej )|w Qrp/N)
(» = 0,1...N — 1). N should be large enough thus the
impulse response has been sufficiently decayed so that the
time aliasing will be negligible (e.g., N = 2048), therefore,
the definition of the N-point inverse fast Fourier transform is
expressed as,

1 [7 N
TN () ~ — / F, (e””) I, (22)
27 J_,
However, given that the resulting N-point impulse response
is too long, we windowed it with rectangle window function
(length L)

funlnl = £,V [0 @ [n], (23)
where the rectangle window function is
I, 0<n<L-1
o= ~="= (24)
0, L<n<N.

Then we adjusted the system delay d and the window
length L, until the joint error function is minimized.

M—-1 N

e= 3 Y (10 m)” (25)

m=0 n=L

To simplify the operation of digital synthesis filters, tree
structure is not adopted in digital synthesis filter bank. There-
fore, we can simplify the digital part of Fig. 2. The simplified
tree-structure HFB is shown in Fig. 3. We finally designed
four 64-lengh FIR digital filters and the system delay d = 32
with the joint error less than 2.04 x 10712
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FIGURE 3. Simplified M-channel tree-structure hybrid filter bank.

pi > V,GQ) ¥ AD [—b{ 41 [BF, ()= F ()~ F, (") + F ()
» AD ¥ 47T #E(ejw)—ﬂ(ejm)

s y(n)
— V(<) » AD P 471 =F2(e””)—F3(efw)
AD ¥ 47 =Q(ef‘”)

FIGURE 4. A improved tree-structure of four-channel hybrid filter bank.

IV. IMPROVED STRUCTURE OF FOUR-CHANNEL HFB

The analog filter pair Vi, Wy and the corresponding digital
filter pair Cy, Dy constitute a two-channel HFB. Therefore,
the tree structure greatly improves the complexity of analog
circuit and digital operation. There are M — 1 two-channel
filter banks in M-channel tree-structure HFB. The number
of analog analysis filters in tree-structure HFB is far beyond
that in HFB with traditional structure. Moreover, we will
propose an improved structure. From transfer function of
analog analysis filters, shown in (13) and (14), it is easy to
observe that

The system transfer function described in (2) can be
rewritten as

T, (¢) = VoGep)Vi (i)

< [Fo () = Fi () = B2 () 4P ()
) [ () ()] 12 ()
+ Vi (jep) [Fa (1) = F3 ()], (28)
where @, = £ — 772, Accordingly, the four-channel tree

structure of HFB can be simplified, as shown in Fig. 4. This
four-channel tree structure of HFB structure only needs three

Wi €2) =1 = Vi (j€2). (26) o )

analog analysis filters. The method can be used in the other
For the four-channel structure, we can get tree-structure HFB which has 2V channels and only needs
2NV — 1 analog analysis filters. It can reduce the error caused

Hy () = Vo (i) V1 (jQ) by the difference among the analog analysis filters.
Hy (j2) = Vo (j$2) — Vo () V1 (2) V. CHANNEL MISMATCH ERROR AND FILTER MISMATCH

; : ; ; OR CALIBRATION
Hy () = V1 (R) = Vo () V1 () ERR
Considering that the channel mismatch error and filter banks
H3 (j2) = 1 — Vo (j2) — V1 () + Vo (jS2) V1 (j2) . mismatch error have a substantial overlap, it is difficult to
27 estimate and calibrate separately. To overcome this difficulty,
Hy (jo) Hy -1 (jo)
: H (jo = j5F) : (19)
Hy (jw —j—zn(%_l)) Hy - (jw —J'—zn%_l))
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()7 + a5 (iQ)* + a, (i) + a5 () + ag (GQ) + a5

A a, (jQ)2+al
Vo (@) = —5—F—5— ,

(92)° + ay G2 + d) () + a)
. a, ) + as ()% + a
Vio Q) = 2 2 ]
. b, ) + bs Q)% + b.
Vi2 Q) = - : .

(2)° + by (i)* + by, (i) + by () + by () + b5,

(29)

we propose a combined correction algorithm. Taking the four-
channel HFB as an example, Vj (j€2) is the third-order analog
filter and V; (j<2) is the fifth-order analog filter. The error
model of system mismatch is shown in Fig. 5. Ag,, is gain
ratio between the m™ channel and the 3™ channel, o,, is
offset mismatch of each channel,Vm (j2) and \712 (j2) are
corresponding to different deviations of V; (j2), I:"m(e/“’) is
equivalent digital filter. A method has been in Section III to
calculate the parameter of analog filters. However, inevitably
there are various practical errors such as parasitic resistance
and parasitic capacitance. Which could lead to the deviation
of Vi (j€2). On that account, analog filter transfer functions of
Fig. 5 with bias are expressed as in (29), as shown at the top of
this page, where a;l = (1 4+ ¢&,) ay, &, is analog deviation
factor of a,,. Similarly, b;l = (1 4 9y) a,. Digital filter transfer
functions in Fig. 5 are given by:

e = e [ )1 ) ) o 0]
e = b [ ()7 ()]

Fate) = e [P () = ()]
Fy(e®) = Fs (efw), (30)

Define the outputs of ADCs as X,,(j$2) expressed as,
Xo D) = - ix o_ TN\g (o %4
0 = a7 4 J JZTY o\J ]ZTX
127008 (jQ - jﬂﬂ

2T

L v (iai™\g (g ™4
X=X X(JQ—]ﬁ>H1 (19—15)
N

1 > TG\ ~ Tq
X, (j) = — E X|iQ-j—= |H [jQ—-j—=
2 () T (J 12T> 2(] Jsz)
127028 _'sz ;14
]T J— PR
020 |Jj JZTS
1 [~ nq
X; (i) = — E X|iQ-j=
3 (jS2) AT (J 12TS>

421036 _SZ k|
b4 —i== I
2o\ J2TS
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€1y}

where H,, (j2) is analog part transfer function of the
m™ channel.

Ho () = Vo () Vi () (1 + Ago)
Hy (j§2) = Vo (j€2) (1 + Ag1) (32)
Hj (jQ2) = Vi2 () (1 + Ag2).
Set the input signal x(t) = sin (£2,t), the frequency of input
signal should be smaller than the sampling frequency of

single ADC. Define x,, (n) (m = 0, 1, 2) as the time domain
expression of X, (j2). From (31),

Xm () = Gy sin (4nTQ,) + 0, (m=0,1,2,3), (33)

where G,, is the gain of the m™ channel. After taking out
N points sampling data and adding them together, we can
calculate offset error,

= i 1Nijl[c in (4nT,Q0) + ol (34)
om_Nir)nooN . m sin (4nT 2. om].
n=»

The larger the N is, the more accurate the result of (34) will
be. After the offset error is subtracted from the sampling
results, the offset mismatches can be calibrated.

Next, we calibrate the gain errors and analog filter devi-
ation. Assuming that the offset mismatch error has been
calibrated. From (31), following equitation can be obtained
according to Parseval’s Theorem,

R 2 N—-1 N—-1
Ho )| =Y Ixo () —00*/ Y Ix3 (n) — 03
n=0 n=0

R ) N-—1 N-—1
H G| =Y Ixm) =01/ Ix3 () — o3,
n=0

n=0

R 2 N—-1 N—-1

H ()| =) Inm—0l/Y lx3m—o* (39
n=0 n=0

From (29) and (32), we can find that H, (j2) has four
unknowns (&g, €1, & and Agy), 1:12 (j2) has six unknowns
(03, 04, 0s, d6, 07 and Agp), and I:IO (j€2) has nine unknowns
(e0, €1, €2, €3, €4, €5, €6, €7 and Agp), however, value of &g,
&1 and &3 can be obtained by calculating H, (j2). Therefore,
we can get the analog filter deviation factors ¢,, 9, and gain
ratios Ag,, by Importing six various calibration cosine signals
which frequencies are different and are all smaller than sam-
pling frequency of single ADC. Substituting (32) into (21),
the estimation of F, (¢/) can be got. Finally, we use the
digital filters to calibrate errors.
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FIGURE 5. Error model of filter bank mismatches and channel mismatch.
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FIGURE 6. (a) The amplitude-frequency curve of third-order analog filters.
(b) The amplitude-frequency curve of fifth-order analog filters.

VI. SIMULATION RESULTS

To demonstrate the effectiveness of proposed HFB structure
shown in Fig. 5 and calibration algorithm, a four-channel
20GS/s 12-bit FIADC system has been designed.

Reasonably assume that the analog filter transfer functions
satisfy,

ol
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FIGURE 7. The amplitude-frequency curve of practical analog filters.

and

(37

Based on the Genetic algorithm, we get transfer functions
of the analog-filters, as shown in (38) and (39), as shown at
the bottom of the next page. The amplitude-frequency curves
of the third-order analog filters V <j%) and W (]T%) are
shown in Fig. 6(a) and amplitude-frequency curves of the
fifth-order analog filters Vi (]%) and W, <j%) are shown
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TABLE 1. Actual errors and estimation errors.

& 0.0012 0.0012 0 0.0012 0.0013
0 0

g 0.0010 0.0011 81 0.0012 0.0012

& 0.0013 0.0013 0 0.0014 0.0013
2 2

& 0.0014 0.0014 0 0.0013 0.0013
3 3

@ 0.0012 0.0012 0 0.0014 0.0014
4 4

&; 0.0015 0.0015 Ago 0.0025 0.0025

& 0.0013 0.0014 Agl 0.023 0.023

& 0.0013 0.0013 Agz 0.026 0.026

0, 0.0100 0.0100 0, 0.0012 0.0012

0 0.0210 0.0210 0 0.0019 0.0019
2 3

in Fig. 6(b). Then we assumed parameter errors according
to practical experience, as Table 1 shown. The amplitude-
frequency curves of practical analog filters which have
deviations of ideal analog filters are shown in Fig. 7. Next,
the proposed method in Section V is used to estimate the
errors and corresponding digital synthesis filters are designed
to calibrate the errors. The estimation results are shown
in Table 1. Obviously, the proposed method is effective for
estimating errors.

Respectively, define the distortion error function and alias-
ing error as

Dis = |To ()|
Ali = 23: 7, ()] (40)
P=1

Distortion error and aliasing error of system before cali-
bration are shown in Fig. 8(a) and Fig. 8(b) respectively, and
curves after calibration are shown in Fig. 9(a) and Fig. 9(b)
respectively. After comparing Fig 8 and Fig 9, it can be seen
that the aliasing error and the distortion error are reduced
obviously, proving that the calibration is useful.

We can find that there are still some errors in Fig. 9. The
errors have two sources. One is the estimation deviation of
parameter in the analog filters. The other one lies in the
digital synthesis filters. We design FIR digital filters based

g X 10* distortion error
ol i
2+ q
o=
=
Z Ar 1
g
6+ q
8+ q
10 . . . . . . .
-4 -3 -2 -1 0 1 2 3 4
ANGULAR FREQUENCY (w/rad)
(a)
aliasing error
-60 T T T
-62
64
g
< 66
<

-68 [

-70 [

-4 -3 -2 -1 0 1 2 3 4
ANGULAR FREQUENCY (w/rad)

(b)

FIGURE 8. (a) Distortion error before calibration. (b) Aliasing error before
calibration.

-72

Define the average distortion error and average aliasing
error can be obtained,

k4
Davg = /
-7

A = /ﬂ 23: ‘Tp (e/w))dw, (41)
T p=1

thus the maximum distortion error and maximum aliasing
error are

To (e’w)‘da)

Dmax = max ‘To (ei“))‘

O<w<m

on the window function, which caused signal truncation, and »
accordingly lead to the error. Amax = ngfﬂ Ty (e’ )‘ : (42)
» 101.5355 + 10.2877 (jw)?
VO J= = N .2 . 33 (38)
T 101.5355 + 50.9470 (jw) + 10.2877 (jw)~ + (jw)
v < a)) B —14.0687 (jw)* — 375.0379 (jw)> — 839.7180 39
"r,) ~ (jw)® — 14.0687 (jw)* + 94.9372 (jw)? — 375.0379 (jw)> + 839.5839 (jw) — 839.718
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FIGURE 9. (a) Distortion error after calibration. (b) Aliasing error after
calibration.

To make the system meet the requirement of 12-bit,
the maximum distortion error should satisfy

|Diax — 1] < 2713, (43)

After calculation, the average distortion error is —6.8192 x
1010 dB, and the average aliasing error is —104.8 dB. The
maximum distortion error is smaller than 2.5 x 107> dB. It is
obvious that the distortion error meets the design conditions
in (43).

TIADC and FIADC have been detailedly compared in [8],
and the conclusions indicate that the FIADC has a better
mismatch suppression. Therefore, we do not compare them
in this paper. Literature [22] has proposed a mismatch com-
pensation algorithm based on the traditional HFB structure.
We design a four-channel 20GS/s 12-bit FIADC system tak-
ing the method provided in the [22] as a reference. The HFB
of this system consists of a third-order low-pass and three
fifth-order band-pass Butterworth filters. Here we set the
same errors as in the table 1. The distortion error and the
aliasing error after calibrated by the calibration algorithm in
the [22] are shown in Fig. (10).

24614

%1073 distortion error

Dis (db)
o N

ANGULAR FREQUENCY (w/rad)

(@)

aliasing error
T T

- e

-100

Ali (db)

110 . . . . . . .
-4 3 2 -1 0 1 2 3 4

ANGULAR FREQUENCY (w/rad)
(b)

FIGURE 10. (a) Distortion error of traditional structure HFB. (b) Aliasing
error of traditional structure HFB.

Itis obvious that the design scheme we proposed is superior
to that proposed in [22]. Furthermore, the improved tree-
structure of HFB only need three analog filters, whereas the
traditional structure need four. Therefore, the analog circuit
is simplified.

There are also many improved design methods based on
traditional structures [17], [18], [11], which, However, are
without considering the channel mismatch and analog filter
deviation. Therefore, ignoring the effects of channel mis-
match and analog filter deviation, we have designed two
four-channel, 20GS/s HFB systems based on [17] and [18]
respectively, as Table 2 shows. The order of the analog filters
and the length of digital filters are the same.

We can see the improved tree-structure has smaller max-
imum distortion and aliasing error which affect resolution
of HFB system. The reason is that the analog filters of
the traditional structure should divide the entire input band
perfectly without overlapping, but the analog analysis fil-
ters are not ideal low-pass and band-pass filters in practical
design. the stopband and transition band of the analog filters
and digital filters are unavoidable. There is no need for the
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TABLE 2. Performance OF HFB for four-channel, 20GS/s case.

Structure in  One third-order and 64
the paper two fifth-order
Structure in Four fifth-order 64
[17]
Structure in Four fifth-order 64
(18]

power complementarity-based structure to divide the fre-
quency band. The transfer functions of analog analysis filters
in this structure are symmetric in the real and imaginary axes,
which can be implemented using sample passive RLC-circuit.

VII. CONCLUSION

This paper introduces an improved structure of HFB which
only needs M — 1 analog filters in M-channel HFB sys-
tem. The proposed structure is a lot simpler than the tra-
ditional structure. Accordingly, an effective estimation and
calibration technique of mismatch error is proposed, which
exhibits an excellent effect based on simulation results. Fur-
ther researches will realize this system in practical circuit.
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