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ABSTRACT 
Theinterleaved architectures are frequently employed in high- 
speed data converters and signal processing channels in order to 
achieve the highest possible speed. However. the performance of 
the combined channels is reduced if each channel is not well 
matched in terms of gain, converter offset and timing skew. In 
this paper. the errors introduced by gain and offset mismatch and 
timing skew is analyzed in detail. The digital spectra due to 
mismatch between channels is derived by applying digital signal 

I processing theories and the closed-forms of signal-to-noise ratio 
(SNR) are derived and verified using MatlabW. 

1. INTRODUCTION 

High-speed data conversion and signal processing circuits are 
demanded for data communication. data storage. etc. In the 
extremes of speed. exotic technologies must be used to achieve 
data rates beyond those obtained with a conventional silicon 
implementation [1]-[3]. By using time-interleaved architecture. 
the maximum conversion rate practical with any technology is 
extended by the use of an array of identical channels. This 
topology applied to an analog-to-digital converter is shown in 
Figure 1. 
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Figure 1 Generic scheme of time-interleaved A/D architecture 

Basically. each individual channel is running at a speed of f d h  but 
at different clock phases which are generated by the multi-phase 
clock generator. The phase difference between adjacent clocks 
should be the same. otherwise, timing skew will introduce extra 

error into the system. For the case shown in Figure 1 where ;an 
array of A/D converters are employed. the outputs from the array 
of M converters can be combined by a high speed 'MUE:'. 
resulting in a high speed ADC with a sampling speed of M x f;k 
[4]-[6]. This technique trades off increased die area for increased 
speed in a nearly one for one relationship but at reduced 
performance if the channels are not well matched in temis of gain, 
offset and sampling skew [7]. In the following sections. the digital 
spectra due to mismatch between channels in ternis of gain. 
converter offset and timing skew are derived and demonstrated. 
The closed-forms of the signal-to-noise ratio are derived and 
verified by Matlabm simulation. 

2. ERROR ANALYSIS 

2.1 Timing skew 

The digital spectrum. F(o). of the sampled data by time- 
interleaved architecture can be represented by [SI 

Fa(w) ---the Fourier Transform of f(t) 
M --- number of interleave 
T --- period of the whole array combining all single channels 
t, --- real sampling time for mth channel 

till = T - rill T ( 2 )  

Substitute ( 2 )  into (I), we have 

(3 I 
where 

For a given sine wave f ( t )  = sin( mint) . the Fourier transfomi is 
given by 

F" (U) = n[6 (w t Will ) - 6(U - Oil, )] 
Substitute ( 5 )  into (3). we have 
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L I L  F(w)  = 2 C[A(k)2rrG(w + wj,, - k-) 
T ,+=- MT 

2K + B(k)2??6(o - 0, - k-)] 
MT 

where 

It is very easily to prove that 
A(k)  = -B* (M - k )  (9) 
From equation (6). we can observe that the digital spectrum 
comprises M pairs of line spectra, each pair centers at the 
fractional of the sampling frequency of fs, such as f , / M  , 
2 f, / M ,  ...,( M - 1) f, / M  . The digital spectrum of a four-way, time- 
interleaved array with timing skew is shown Figure 2 along with 
the amplitude for each component. 

Amplitude 

Figure 2 Digital spectrum of a four-way. time-interleaved 
array with timing skew 

By Parseval's theorem. we have 
M -1 1 
k=O 

M-1 1 
k=O 4 

P' = IB(k)l'=- 

The total signal and distortion power is 

(12) 
1 P=P1+P- - -7 

Assume r, is normally distributed with standard deviation of 0, 
and zero mean. The signal power located at 00 is 

1 1  ' 7  

4 
= - [ I  -(2& /f,)",- 1- 

The noise power in the range of (0. 1/(2fs)) should be 

e ( 2 ~ ~ , ~ n / A > 2  
The signal to noise ratio can be obtained 

= 2010g10 )dB) [ 2 7 w i ?  / A  
From equation (15). we can easily observe that the signal-to-noise 
ratio ( S N R )  is a function of o,An If, . If otJn / f, doubles. the 
SNR will decrease about 6dB. 

20,  ....... ~ ........ 

i 
10:. . 

-__L-._. ~ --I 
x ,o- 

s$-- 4 --,s 2 1 6  s 3 5  I 

4 n  1 f s  

Figure 3 The relation between SNR and timmg skew 

Figure 3 shows the comparison between the numeric results using 
equation (15) and discrete time simulation results. The simulated 
results were obtained by averaging 100 channels using Matlab. As 
we can see. the higher the time-interleaved number M, the smaller 
the error between the numeric results and the simulated results. 
For interleave numbers greater than 12. equation (15) can be used 
to estimate the SNR very precisely. For a four-way. time- 
interleaved array. the SNR can be estimated using the following 
equation. 

l f ,  )+3(dB) 
SNR = 2010gl 

Hence. in order to achieve 6b accuracy at the Nyquist rate with a 
sampling frequency of 5OOMS/s. the timing skew between the 
different channels needs to be smaller than 12ps based 011 

equation (1 6). 

2.2. Gain Mismatch 
Gain mismatch can be modeled by making the amplitude of the 
input signals sanipled be different for different channels. Assume 
for each individual channel that the analog input signal is 
A,,, sin( q n t )  . where m=O, . . . M- 1. Based on equation (3). we can 
derive the digital spectrum of time-interleaved array with gain 
mismatch. For a sine wave A,,, sin(wjJlt). the Fourier transform is 
given by 

~ f r a ( ~ ) = ~ ~ f , f ~ ~ ( ~ + ~ i , l ) - ~ ( ~ - ~ i f , ) l  (17) 
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wherem=O. 1. ... M-1 

If we assume that there is no timing error, rm is equal to zero. 
Substituting (17) into (3), we get 

1 ”  2 K  272 
T I;=-.. MT MT 

F ( W ) = -  1 A ( k ) [ 2 7 d ( W + W , , ,  - k - ) - 2 k 6 ( 0 - W W i n  - k - ) ]  

(18) 
where 

As we can see from equation (18). the digital spectrum with gain 
mismatch also comprises M pairs of line spectra that centers at the 
fraction of the sampling frequency fs, that is the same as that with 
timing skew. However. the distortion introduced by the gain 
mismatch has the same magnitude for each pair, while this is not 
true for errors introduced by timing skew. The digital spectrum of 
a fou-way. time-interleaved array is shown in Figure 4. 

I.,! - I, - J? 31, p Frequmv 

Figure 4 Digital spectrum of a four-way. time-interleaved array 
with gain mismatch 

- 
4 7 4 

Assume A, is normally distributed with standard deviation of oA 
and mean of 7 .  By Parseval’s theorem. we have 

The total signal and distortion power is 
1 7 -2  

P = P, + PZ = $O.,- + A  ) - 
The signal power of the fhidamental is 

The power of the noise in the range of (0,1/(2fs)) is 
1 7  
4 

noise = ( P - 2  1 A(O)  12)/2 = -D.,- (24) 

Assume the gain a, for each converter is proportional to A, with 
constant efficient /3 . then 

where m=O. . . .M- 1 
So. we have 

~ 1 1 ,  = P’4, l  (25 )  

0 0  = Po., - -  
a = A  
Then. the signal-to-noise ratio is 

SNR = lOlogl{-]= - 0 . 4 -  2 0 1 0 g l O ( ~ ) =  2010glO($] (27:) 

From equation (27). we can see that, if the gain mismatch can be 
decreased by two times. the S N R  can be increased by about 6di. 
Figure 5 shows the comparison between the numeric results 
obtained based on equation (27) and the simulated results 
obtained by averaging 100 channels. As we can see from Figure 5 .  
the numeric results are very close to the simulated results when 
the time-interleaved number M is greater than 12. 
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Figure 5 The relation between SNR and gain mismatch 

For a four-way. time-interleaved array. the signal to noise ratio 
can be estimated using the following equation. 

SNR=2010gl ope - )+3(dB) (28) 

In order to achieve 6b accuracy, the gain mismatch oo ,; between 

channels needs to be smaller than 0.018. 

2.3. Converter Offset Mismatch 

Converter offset mismatch can be modeled by simply adding a DC 
level with the input signal that is unique for each channel. 
Assume for each individual channel that the analog input signal is 
A sin( willi) + D,, . Then. the digital spectrum for the composite 

time-interleaved array can be derived. For an input signal 
Asin( O ~ , , ~ ) + D ~ ~ ~ ,  the Fourier transform is given by 

F O  ( w )  = A j K [ 6  (0 + Win ) - 6 ( W  -Win) ]  + 2m,,, 6 ( W )  

F(m)=- A j K [ 6 ( W + W j I ,  -k--)-6(0-o,,* -k--)]  

(29) 
Substituting (29) into (3). we get 

1 ”  2 K  2K 

T 
(30) 

T k=-- T 
1 “  277 

t- 1 D ( k ) 2 K 6 ( W - k - - )  
T k=-  MT 

where 
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1 M - 1  -j!im2" 
D(k) = - Dnre 

M ni=O 

It is easily to prove that 
I D(k)I=ID*(M-k)I+D(M-k)I 

The first term in (30) is the well-known digital spectrum 
representation of a uniformly sampled sine wave signal [9]. The 
second term is the spectra due to channel offset mismatch. As we 
can see from equation (30). the spectra lines due to channel offset 
mismatch are located at fractions of the overall sampling 
frequency. Figure 6 shows the digital spectruni of a four-way, 
time-interleaved array with channel offset. 

AmpliNdc 

f I 

I ,, 1, 31, I' Frsqumc) Ir - - 
2 4 

Figure 6 Digital spectrum due to channel offset mismatch 

Assume D, is normally distributed with standard deviation of OD 

and zero mean. The power of the noise in the range of (0.1/(2f8)) 
is 

The signal power is 
A' 

signal = - 
4 

The signal-to-noise ratio is 

55 

45 - * - nwenc  value 
40 - 1 

O D I A  

Equation (34) implies that if the amplitude of the analog 
input signal is increased by 2, or the channel mismatch is 
decreased by 2, the SNR can be improved by about 
6dB.Figure 7 shows the comparison between numeric results 
obtained by using equation (34) and the simulated results obtained 
by averaging ,100 channels using Matlab. Different from the 
previous two cases, the signal-to-noise ratio is not dependent on 
the number of interleaved channels. As we can see from Figure 7, 
the curve fit of the numeric results match the simulated results. 

3. CONCLUSION 

By applying digital signal processing theories. the digital spectra 
of non-ideal time-interleaved analog channels are derived and 
demonstrated. From Matlab simulations of time-interleaved 
channels with timing skew and gain mismatch, it can be seen that 
the SNR slightly depends on the interleaved number M if M is 
less than 12. The curve fit of the closed-forms of the SNR matches 
the simulation results when the interleaved number is greater than 
12 for time-interleaved analog channels with timing skew and 
gain mismatch. For time-interleaved channeis with converter 
offset, the signal-to-noise ratio is independent of the interleave 
number M. Based on the closed-forms provided. it is very easy to 
derive the matching requirements in order to meet design 
specifications. 
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Figure 7 The relation between SNR and converter offset 
mismatch 
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