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ABSTRACT
The error analysis of ultra-wideband hybrid analogue-to-di-
gital conversion (H-ADC), which combines time-interleaved
ADC (TI-ADC) and multiple concurrent ADC (MC-ADC),
is presented. To this end, an error model is introduced com-
prising quantisation, overflow saturation, DC-offset, gain er-
ror, time delay, and time jitter due to sample-and-hold (S&H)
circuits and clock generator. The impact of the system pa-
rameters on H-ADC performance is investigated by analytic
evaluation of the error model assuming an arbitrary FDM in-
put spectrum.

The versatility of the H-ADC approach is demonstrated
by a challenging future application of satellite on-board pro-
cessing [1]: 1GHz overall FDM bandwidth with 12MHz
channel spacing.

1. INTRODUCTION

In modern receivers the interface between analogue and digi-
tal signal processing is more and more shifted towards the re-
ceiver’s front end. For ultra-wideband applications present-
day state-of-the-art single ADCs are often either too slow,
or resolve the signal to be quantised too coarsely [2]. There-
fore, it is a challenging task to develop extremely fast and yet
precise enough ultra-wideband front-end analogue-to-digital
interfaces (ADIs).

An attractive way to increase the maximum ADI sam-
pling rate fS is a parallel connection of β by the factor of
β slower TI-ADCs [3]. Unfortunately, mismatch of the TI-
ADC branches (different gain, time delay, DC-offset, etc.)
introduces distortions and, thus, reduces the signal-to-noise
and distortion ratio (SNDR) considerably. In case of too low
SNDR, each of the ADCs of the TI approach can be replaced
with an MC-ADC [1]. The MC-ADC is a parallel connection
of γ concurrent ADCs, where each output sample is given
by the arithmetic mean over the γ samples nominally taken
at the same time instant. This combination of TI-ADC and
MC-ADC with the total number of M = βγ ADCs is called
hybrid ADC (H-ADC) [4].

2. ERROR MODEL

For the error analysis of an H-ADC with the input signal
x(t) = xS(t)+ xN(t) and the output signal y(tk), the paramet-
ric error model depicted in Fig. 1 is introduced. Here, xS(t)
and xN(t) are the usable and the noise part of the input sig-
nal, respectively. Furthermore, tk = t0 +kT (k ∈ Z) represent
the ideal sampling instants, where T = 1/ fS is the sampling
period. This model is composed of equivalent error models
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Figure 1: Hybrid ADC error model.

of single ADCs, where the m-th ADC is characterised by the
following individual set of parameters:
• Quantisation error eQ,m(tκβ+m)

• Overflow saturation (clipping level of ±1: C = 1)
– Non-linear part of clipper output signal eC,m(tκβ+m)

– The linear part of the clipper transfer function is rep-
resented by the equivalent gain G(pf,m) depending on
the peak (back-off) factor pf,m.

• DC offset om = const.
• Gain error gm = const.
• Time-dependent delay τm(t) = −τd,m − τs,m(t)

– Time delay τd,m = const.

– Time jitter τs,m(t) = τADC
s,m (t) + τClk

s,m (t) due to ADC
sampling and clock phase noise.

According to [1], clock time jitter is modelled by the power
spectral density (PSD)

R̂τClk
s τClk

s
(ω)≈

NClk
0

ω2
S

1+(ω/ωQ)2

[

1+(ω/ωPLL)2
][

1+(ω/ωM)2
] , (1)
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where ωS = 2π fS. Furthermore, NClk
0 is the phase noise

power density close to the sampling frequency, fPLL the
bandwidth of the clock generator’s phase locked loop, fQ the
resonator cut-off frequency, and fM the measurement band-
width. The S&H jitter contribution τADC

s (t) is, as usual, as-
sumed to be white, normally distributed and, hence, charac-
terised by its standard deviation. For modelling of quantisa-
tion and overflow saturation refer to [1].

3. ERROR ANALYSIS

The impact of the parameters on the H-ADC performance
is investigated by evaluating the H-ADC error model (Fig.
1). As a measure of performance the SNDR is adopted. In
order to determine the SNDR at the ADI output port, firstly,
the individual ADC output signals are calculated by using
a linear approximation of the sampling process to simplify
analysis. Next, the PSD is determined at the ADI output port
and, subsequently, subdivided into a (yet linearly distorted)
usable and a noise and distortion part (for details see [5]):

Ryy(e jΩ) = RySyS
(e jΩ)+RyNyN

(e jΩ) , (2)

where Ω = ωT is the normalised frequency. To this end,
we assume xS(t), xN(t), τADC

s,m (t), τClk
s,m (t), eQ,m(t) and eC,m(t)

to have zero mean and to be uncorrelated with each other.
Furthermore, we set the peak factors pf,m = pf ∀m. For the
usable PSD, due to gain and time delay mismatches, we get

RySyS
(e jΩ) =

1
T

∞

∑
ν=−∞

|D(νβ )|2 R̂xSxS

(

ω −νωS

)

(3)

D(n) = G(pf)
1
M

M−1

∑
m=0

gme j(ω−n
ωS
β )τd,m e−jnm 2π

β , (4)

and for the PSD of the noise and distortion contribution

RyNyN
(e jΩ) = RyXyX

(e jΩ)+RyAyA
(e jΩ)+RyJyJ

(e jΩ)

+RyOyO
(e jΩ)+RyQyQ

(e jΩ)+RyCyC
(e jΩ) ,

(5)

where RyXyX
(e jΩ) represents the noise load of the ADI input

signal transferred to the ADI output port, which is given by
(3) by replacing R̂xSxS

(ω) with R̂xNxN
(ω).

RyAyA
(e jΩ) =

1
T

∞

∑
n=−∞
n6=νβ

|D(n)|2 R̂xx

(

ω −n
ωS
β

)

(6)

represents the aliasing contribution due to mismatch (differ-
ent gain, time delay, etc.) of the time-interleaved channels,

RyJyJ
(e jΩ) =

=
G2(pf)

2πM2T

∞

∑
n=−∞

M−1

∑
m=0

M−1

∑
r=0

gmgre
−jn(m−r) 2π

β R̂J

(

ω −n
ωS
β

) (7)

R̂J(ω) ≈ R̂τs,mτs,r (ω)∗

[

ω2R̂xx (ω)e jω
(

τd,m−τd,r

)
]

(8)

the noise and distortion contribution due to time jitter,

RyOyO
(e jΩ) = ωS

∞

∑
n=−∞

|O(n)|2 δ
(

ω −n
ωS
β

)

(9)

O(n) = G(pf)
1
M

M−1

∑
m=0

ome−jnm 2π
β , (10)

the contribution due to DC-Offsets,

RyQyQ
(e jΩ) = [1+ρQ,MC(γ −1)]PQ/γ , (11)

the noise part due to quantisation errors, and RyCyC
(e jΩ) the

contribution due to clipping, which is given by (11) by re-
placing the index Q with C. In (11) use is made of

R̂eQ,meQ,r
(ω) =











R̂eQeQ
(ω) , m = r

ρQ,MCR̂eQeQ
(ω) , m = r + iβ

ρQ,TIR̂eQeQ
(ω) , otherwise ,

(12)

R̂eQeQ
(ω) =

PQ

fS
rect

2ω
ωS

=

{

PQ/ fS , |ω | < ωS/2
0 , |ω| > ωS/2 ,

(13)

where i ∈ Z\{0} and PQ is the quantisation noise power of
a single ADC (see [1]). According to (13), the PSD of the
sampled version of the quantisation error is assumed to be
flat (white). Furthermore, the correlation between the quan-
tisation noise of the MC- and TI-ADCs are commonly de-
noted with ρQ,MC and ρQ,TI for the ADC approaches, respec-
tively. Similar assumptions are used for the clipping compo-
nent, where PC is the clipping noise power of a single ADC
[1]. Finally, the SNDR in an FDM sub-channel (denoted by
the running channel index c) is obtained by integrating the
corresponding PSDs over the slot bandwidth:

SNDRy,c = 10log10

∫ Ωu,c

Ωl,c

RySyS
(ejΩ)dΩ

∫ Ωu,c

Ωl,c

RyNyN
(ejΩ)dΩ

, (14)

where Ωl,c and Ωu,c represent the lower and upper cut-off
frequencies of channel c, respectively.

Since exact values of the ADC parameters om, gm, and
τd,m are generally not available, we subsequently rely on the
associated expectations µ and standard deviations σ , normal
distribution provided. Since all ADCs are of the same type,
their random model parameters are all identical, while om,
gm, τd,m and τADC

s,m are assumed uncorrelated. Hence, the ex-
pected SNDRs can be estimated by means of the expected
PSD. For the expectation of (7) we get:

ERyJyJ
(e jΩ) =

=
G2(pf)

2πMT

(

µ2
g +σ 2

g
)

∞

∑
n=−∞

R̂J1

(

ω −n
ωS
β

)

+ R̂J2

(

ω −n
ωS
β

)

+
G2(pf)

2πMT
µ2

g

∞

∑
n=−∞

[

(γ −1)ρτClk
s,MC

− γρτClk
s,TI

]

R̂J3

(

ω −n
ωS
β

)

+
G2(pf)

2πT
µ2

g

∞

∑
ν=−∞

ρτClk
s,TI

R̂J3

(

ω−νωS

)

,

(15)

R̂J1(ω) ≈ R̂τClk
s τClk

s
(ω)∗

[

ω2R̂xx (ω)
]

,

R̂J2(ω) ≈ R̂τADC
s τADC

s
(ω)∗

[

ω2R̂xx (ω)
]

,
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R̂J3(ω) ≈ R̂τClk
s τClk

s
(ω)∗

[

ω2R̂xx (ω)e−ω2σ2
τd

]

.

Here, use is made of

R̂τs,mτs,r(ω) =















R̂τADC
s τADC

s
(ω)+ R̂τClk

s τClk
s

(ω) , m = r

ρτClk
s,MC

R̂τClk
s τClk

s
(ω) , m = r + iβ

ρτClk
s,TI

R̂τClk
s τClk

s
(ω) , otherwise ,

where the correlations ρ between the clock jitter of different
distinguished MC-ADCs and TI-ADCs are indicated by the
indices τClk

s,MC and τClk
s,TI, respectively. For the expectations of

(3) and (6) the expected value of |D(n)|2 is used

E |D(n)|2 = G2(pf)
1
M

{

dβ , n=νβ
dn , otherwise ,

(16)

dβ = σ 2
g + µ2

g

[

1+(M−1)e−(ω−νωS)
2σ2

τd

]

,

dn = σ 2
g + µ2

g

[

1− e−
(

ω−n
ωS
β

)2
σ2

τd

]

and, finally, for (9) the following expectation results:

E |O(n)|2 = G2(pf)

{

µ2
o + 1

M σ 2
o n = νβ ,

1
M σ 2

o otherwise .
(17)

General discussion and interpretation:
• For M > 1, the usable signal spectrum (3), (16) is lin-

early distorted as a result of time delay deviations. The
overall gain variance is diminished by 1/M = 1/(βγ).

• In general, for β > 1 (TI-ADC), there exist β − 1 alias-
ing components (6), (16) in the frequency range [0, fS)
at the equidistant frequencies n fS/β (n ∈ Z, n 6= νβ ) as
a result of different branch gain and time delay. These
aliasing components are linearly distorted due to differ-
ent time delay. The power of the β − 1 aliasing compo-
nents is diminished by 1/M, so that the overall aliasing
power is proportional to (β −1)/(βγ). Hence, the over-
all aliasing power increases by about 3 dB, if β increases
from 2 to ∞. Contrary, each doubling of γ leads to an
overall aliasing power reduction of 3 dB.

• The expected PSD due to time jitter (15) at the ADI out-
put port is, for M = 1, basically determined by the PSD
of time jitter convolved with the PSD of the ADI input
signal times ω2. For M > 1, this distortion can only be
partly diminished by the ADI, since the relative improve-
ment depends on the clock jitter correlation. In general,
this correlation is expected to be unity if, as is common
practice, all ADCs are controlled by the same clock gen-
erator. As a result, only the overall output power compo-
nent due to aperture jitter can be diminished by 1/γ .

• The distortion due to DC-offsets (9) is independent of the
signal. In general, different DC-offsets in the TI channels
cause β peaks in [0, fS) at the frequencies n fS/β (n ∈Z).
The expected power of the peak at f = 0 and the powers
of the other β − 1 peaks are proportional to µ2

o + σ 2
o /M

and σ 2
o /M, respectively (see (17)). Hence, the expected

overall power is proportional to µ2
o + σ 2

o /γ , and thus in-
dependent of β . For zero mean µo, which is questionable,

all β peaks have about the same expected power, and the
reduction of the overall expected DC-offset power ap-
proaches 1/γ .

• The noise power contributions due to quantisation (11)
and clipping are strongly dependent on the respective
correlations between the branches. Since correlations
of DC-offsets, gains, and time delays of the parallel
ADCs have been set to zero, correlation coefficients of
ρQ,MC ≈ ρC,MC ≈ 0 can be expected, too. In this latter
case, the ADI gives rise to an improvement by 1/γ .

4. EXAMPLE

In this section we present an example under the assump-
tion of a constant PSD of the ADI input signal in each
slot c [1]: 84 channel signals without noise load of identi-
cal PSD centred at the frequencies fC,c = ( fu,c + fl,c)/2 =
c · 12MHz + 90MHz all of identical bandwidth Bc = fu,c −
fl,c = 10MHz. The ADI error scenario is taken from [1],
with fS = 2.4GHz, NClk

0 = −58dBc/Hz, fPLL = 1kHz, fQ =
1MHz, fM = 1.2GHz, pf = pf,opt = 3.0 for the effective ADC
word length ENOB = 5.2, the expected values µg = 1 and
µo = 0, and the standard deviations σg = 0.037, σo = 0.040,
στd

= 50 ps, and στs = 1.2ps. The correlation coefficient of
the clock generator is set to unity, in compliance with the
above discussion.

Single ADC: For M = 1, the resulting SNDRs (14) are
plotted in Fig. 2 for all 84 channels. As it can be seen, the
higher the centre frequency the lower the SNDR (SNDRmin =
24.9dB for c = 84). This frequency dependence of SNDR is
exclusively caused by time jitter (15), where the impact of
the clock jitter is dominant [1]. Since fM = fS/2 ≈ fu,84, the
PSD of the noise contribution due to time jitter is spread, as a
result of the convolution in (15), over a band of at least three
times that of the usable bandwidth of about 1GHz. Hence,
by letting n = −9β , . . . ,9β and ν = −9, . . . ,9 in the corre-
sponding summations of (15), all major error contributions
are completely included in the determination of SNDR. Note
that in the summation of (6) n = −β + 1, . . . ,β − 1 is suffi-
cient, since the sampling theorem is met for the input signal.

MC-ADC: In Fig. 3 the SNDR is depicted as a function
of M = γ for all 84 channels. The increase of SNDR by every
doubling of γ is lower than the maximally possible improve-
ment by 3dB. This is due to the anticipated full correlation of
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Figure 2: SNDRy,c for c = 1, . . . ,84; M = 1.
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Figure 3: SNDRy,c as a function of M = γ and c.

the clocks. Obviously, the highest relative performance im-
provement is obtained by the transition from γ = 1 to γ = 2:
2.5dB (1.4dB) in channel 1 (84). Since, with increasing γ ,
the impact of jitter is sustained while all other error contribu-
tions are diminished; the relative performance gain attainable
by a doubling of γ becomes smaller and smaller.

TI-ADC: Since a commercial ADC operating at 2.4GHz
is presently not available, a pure MC-ADC is unrealisable
for the time being. A feasible way to solve this problem
is to use the TI-ADC approach: In Fig. 4 the SNDR is de-
picted as a function of M = β and channel c, where the
same parameters are used as above, except for ENOB, since
for the lower sampling rates of the time-interleaved ADCs,
higher ENOBs are available (2 ≤ β ≤ 3 → ENOB = 7.5;
β ≥ 4→ENOB = 7.7). Unfortunately, as it can be seen from
Fig. 4, the SNDR is reduced considerably. This degradation
is mainly caused by aliasing due to mismatch of the branches,
where the deep minima are due to different DC-offsets.

H-ADC: The feasibility constraint can be overcome by
the H-ADC approach. Since a commercial ADC operating at
1.2GHz is available, β = 2 is chosen. The resulting SNDR is
depicted in Fig. 5. For channels with high aliasing distortion,
the increase of SNDR by every doubling of γ approximates
the maximum of 3dB (∼= 1/2 bit). Since, with increasing γ ,
the impact of jitter is sustained while all other error contribu-
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Figure 4: SNDRy,c as a function of M = β and c.
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Figure 5: SNDRy,c as a function of γ and c; β = 2.

tions are diminished, the relative performance gain attainable
by a doubling of γ becomes smaller and smaller. Note that
without the errors that cause aliasing (different gain and time
delay) the SNDR is 33.6dB (28.2dB) in channel 1 (84). With
γ = 256 the above ideal result can be well approximated (cf.
Fig. 5). The drawbacks of the H-ADC approach are the high
power consumption and chip area as a consequence of the
high number M = βγ of ADCs.

Note that all functions including integration have been
evaluated analytically by suitable series expansions [5].

5. CONCLUSION

For any ADI, the use of a single ADC would represent the
most robust and least sensitive approach, if such a device was
available. With the MC-ADC the errors can be diminished by
at most 1/γ , if the correlations between the ADI branches are
zero. In case of a common clock generator the respective jit-
ter is, however, fully correlated. An passable way to increase
the sampling rate is represented by the TI-ADC approach.
Unfortunately, mismatch of the branches give rise to severe
deteriorations. This problem can, however, be overcome by
the H-ADC that combine the TI- and MC-ADC approaches,
as impressively shown in this paper. The drawbacks of this
approach are the higher power consumption and chip area as
a consequence of the higher number of ADCs required.
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