
IMTC 2003 -Instrumentation and Measurement 
Technology Conference 
Vail, CO, USA, 20-22 May 2003 

Adaptive Online Calibration in Time Stretched ADC Arrays 

Yan Han, Behnam Rezaei, Vwani P. Roychowdhury, and Bahram Jalali 
Department of Electrical Engineering, University of Califomia, Los Angeles 

420 Westwood Plaza, Los Angeles, CA 90095 
Phone: (3 10)206-4554, Fax: (3 10)206-2239, Email: yhan@,ee.ucla.edu 

A a t  - I t  has recently been shown that photonics can be a 
powerful tool for manipulating the timescale of electrical signals. 
Stretching the signalprior to digitization has been proposed as a 
method to increase the eflective sampling rate and the input 
bandwidth of the ADC, and Io eflect a reduction in the 
sampling-jitter noise. Sampling rates greater than IOOGsamplds 
have been demonstrated with this technique. This paper analyzes 
the performance of Time Stretch A D C  (TSADC) arrays and 
proposes a novel adaptive calibration technique for mitigating the 
interchannel mismatch errors. The technique exploits the fact that 
each channel in the TSADC array is sampled at or above Nyquist 
rate, a key feature not shared by the conventional 
sample-interleaved architecture. 

1. INTRODUCTION 

The traditional approach to realizing ultra-high sampling 
rates is the time interleaved ADC architecture, where the 
analog signal is sampled by a parallel array of M digitizers. 
The digitizers are sequentially clocked at a rate f JM,  each, 
where I ;  is the desired aggregate sampling rate. It is well 
known that mismatch between parallel channels is the main 
performance limitation. Offset, gain and clock skew between 
different channels introduce spurs in the spectrum of the 
digitized signal limiting the performance of the ADC [1,2]. 

Time stretch preprocessing, implemented using photonics, 
has been shown to be an effective method for increasing the 
sampting rate and the input bandwidth of electronic 
Analog-to-Digital Converters (ADCs) [3,4]. The basic Time 
Stretched ADC (TSADC) concept is shown in Figure 1. The 
high-speed signal is captured and slowed down in time before 
electronic digitization. For application to time-limited input 
signals, a single channel system shown in Figure l a  suffices. 
On the other hand if the input signal is continuous, a parallel 
system, shown in Figures Ib, must be employed. The fact that 
the input signal is slowed down prior to digitization has other 
benefits in addition to the increase in input bandwidth and 
sampling rate. Since the error due to the jitter in the sampling 
clock increases with signal frequency squared, time stretch 
reduces the noise due to clock jitter. In the TSADC array, the 
signal in each channel is sampled at or above the Nyquist rate 
and hence is a complete representation of the signal. This is in 
sharp contrast to the conventional sampled-interleaved system 
where each channel is sampled at sub-Nyquist. As will be 
shown in this paper, this unique property of the TSADC will 
permit adaptive calibration of interchannel errors. 

Fig. 1. Conceptual block diagram for (a) single charinel and (b) 
multi-channel Time-Stretched Analog-to-Digital Converter (TSADC). 

It has recently been shown that optical signal processing 
offers a practical method for manipulating the time scale of 
electrical signals n [3,4]. Detailed description of the photonic 
time stretch technique and its implementation have been 
described elsewhere [3,4] and are beyond the scope of this 
paper. Here we provide a brief description of the technique to 
illustrate its practicality. 

Figure 2 shows the block diagram for a photonic 
time-stretch preprocessor. A linearly chirped optical pulse is 
generated when a broadband (nearly transform-limited) 
optical pulse propagates in an optically dispersive device such 
as a spool of single mode optical fiber. The electrical signal 
modulates the intensity of this chirped optical carrier in an 
electro-optic modulator. The stretched envelope is produced 
after propagation through a second linearly-dispersive fiber. 
After photodetection, the electrical signal represents the 
time-stretched version of the input RI’ waveform. 
Temporal-transformation is a two-step process. Step 1 is 
time-to-optical-wavelength mapping that occur:; when the RF 
signal is modulated onto the linearly chirped optical carrier. 
Step 2 is the optical-wavelength-to-time mapping occurring in 
the second dispersive fiber. The stretched waveform is then 
digitized using an electronic Analog-to-Digital Converter 
(ADC). Using this technique 130 Gsample/s (digitization of 
time-limited RF signals has recently been denionstrated [4]. 
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This has fuelled interest in  extending the time stretch A/D 
system to processing of continuous time signals. 
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Fig. 2. Functional block diagram of the photonic time Stretch 
pre-processor. The RF signal is modulated onto a linearly-chirped 

optical carrier. The waveform is then (linearly) dispersed in the optical 
domain leading to temporal stretching of its envelope. 

It is intuitively apparent that a continuous-time signal 
cannot be stretched using a single channel system. As shown 
in Figure Ih, for continuous time operation the input analog 
signal is segmented into Manalog packets. Each packet is then 
stretched by a factor m before being digitized by an electronic 
digitizer. For an M channel system, the maximum stretch 
factor, mmol = M. The segmentation can be performed using 
time domain switches or in an entirely passive manner using 
optical bandpass filters. These approaches have been 
described elsewhere [SI and are beyond the scope of the paper. 

In the remainder of this paper we refer to time stretched 
ADC arrays as "segment-interleaved" to be distinguished from 
the conventional time interleaved architecture which we will 
call the "sample-interleaved" system. 

11. PERFORMANCE ANALYSIS 

We study a segment-interleaved system with M parallel 
channels. The segmewin each channel is Nsamples wide. We 
start with offset mismatch and then study the effects of gain 
mismatch and clock skew. Inter-channel offset mismatch 
introduces an error sequence that is periodic with a period 
MxN. The error sequence in one period can be represented as 
follows, [b, ,...._., bO; b, ......, b,; ......; bM-, ,......, bM-,]  . The 
Discrete Fourier Transform (DFT) of the error sequence for 
discrete frequency parameter, g=Znk/M, can be expressed as 
[51: 

L 
L = MxN. We can express the Discrete Time 

Fourier Transfon (DTFT) of the error using the DFT as 
follows: 

Where 

Er(o)  = -E 27L L-l F k 6 ( o  - -) kwr 
Ts k 4  I i , L , 

The spectrum can he calculated using Equation (1) and (2). 
This spectrum repeats itself at multiples of u,=2dTs, where T, 
is the sampling period. As predicted by Equation (1) and (2) 
the offset errors create spurs at DC and harmonics of oJL, 
with nulls at k = 4, 8, 12, ... As an example, for a 4 channel 
system with offset error sequence b=[O ... 0; 0.0066 ... 0.0066; 
-0.0186...-0.0186; 0.0077 ... 0.00771, the highest spur will be 
51dB below the fundamental frequency. 

We now consider gain mismatch error. With the sequence 
[bo ,._...., bO; b, ..__.., b,; ......; bM., ,_....., bM,] representing 
gain mismatch error. The DTFT representing the output signal 
in the presence of gain mismatch can he described in terms of 
the analog spectrum of the signal S(0) as follows, 

27L L-' kw 
Er(@) = -c Fk xS'(o - 2) 

Tr k=O L 
The resulting spectrum for a sinusoidal input is given by, 

(3) 
I s  k=O 

where w, is the signal frequency. As predicted by Equation (3) 
the gain mismatch creates spurs centered at the fundamental 
frequency and spaced by OJL. As an example, for a 4 channel 
system with a pessimistic gain error sequence b=[l ... I ;  
1.03 .... 1.03; 0.94 ._,. 0.94; 1.07 .... 1.071, the highest spur will 
be 31dB below the fundamental frequency. 

We model the effect of clock skew by allowing the 
segments to be displaced from their ideal positions by -rmT, , 
The DTFT representing the output signal in the presence of 
clock skew can be described in terms of the analog spectrum of 
the signal S/uj as follows 151. 

For a sinusoidal input, the spectrum can be written as 
follows. 

>'K('Y - 1 
x 2 Y PY"l-  i- 

The skew error creates spurs centered at the fundamental 
frequency and spaced by harmonics oJL. As an example, for a 
4 channel system with the'error sequence r,=[O.Ol ... 0.01; 
-0.03 .... -0.03; 0.02 .... 0.02; -0.02 .... -0.021, the highest spur is 
38dB helow the'fundamental frequency. 
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Table 1 summarizes the behavior of the interchannel 
mismatch-induced harmonic distortion for the 
segment-interleaved system compared the conventional 
sample-interleaved system. As can be seen, the spurs are more 
closely spaced in the former case. This makes it more difficult 
to reduce the spurs with filtering. However, as it will be 
shown, the fact that the signal in each channel of the segment 
interleaved system is sampled at (or above) Nyquist permits 
adaptive online calibration. This is a unique property of the 
TSADC array architecture that is absent in the 
sample-interleaved system. 

Table i. Effects of interchannel mismatch on a segment-interleaved 
TSADC array compared with a traditional sample-interleaved system. 
f,: aggregate sampling rate: f,: input analog frequency; M: number of 
parallel channels; N: number of samples per segment. A maximum 

stretch factor, mme, = M has been assumed. 

111. ADAPTIVE ONLINE CALIBRATION 

Offline calibration using a test signal is performed in 
traditional sample-interleaved ADC systems [ 6 ] [ 7 ] .  The same 
technique can also be used in TSADC arrays, however the fact 
that the signal in each channel is sampled at or above the 
Nyquist rate offers a more exciting opportunity in TSADC. 
Exploiting this fact and also allowing for finite overlap 
between segments, we demonstrate an adaptive online 
technique for estimating inter-channel clock skew, offset and 
gain mismatch in TSDAC arrays. Adaptive online calibration 
is complementary to ofiline calibration. It can correct for 
dynamic variations of the offset errors. In addition, since the 
error is estimated from the actual signal, it can correct for its 
signal dependencies. 

We consider an M channel system, where one channel is 
chosen as the reference and all other channels are mismatched 
with respect to the reference channel. We assume two 
segments of equal length N, designed to overlap in W sample 
points as shown in Figure 3. 

In the absence of mismatch errors, the segments can be 
represented in the discrete time as: 

Y: =[S(T.) S(2T.I ... W N - l ) T ) l  (6)  

The overlap sections of the two segments including gain, 
= [ S ( ( N - W ) T , )  S ( ( N - W + I ) T . )  ... S ( ( 2 N - W ) T ) I  

offset and time skew can be represented as follows: 

(7) 
S, (n )  = [ S ( ( N -  W ) T , )  S ( ( N - W + I ) T , )  ... S ( ( N -  I)T,)l 
S,(n) = [ o S ( ( N -  W)T, - rT,) t b 
... oS((N - 1)T. - rT.)  + b]  

a S ( ( N - W + l ) T .  - r T , ) +  b 
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Fig. 3. Adaptive online calibration takes advantage of overlapped 
segments. Nand W represent number of samples corresponding to 

each length of time. 

where a is the gain mismatch, rT, is the amount of clock skew, 
and b is the offset error. The W-point DFTs of S,(n) and 
S,(n) are related to mismatch errors as: 

W A  
2n Ak 

r I - - [LS,(k)  - LS, ( k ) ]  

A 
Ak 

where L denotes the phase angle, and -operator takes the 

slope of its argument. There exists a windowing effect 
associated with the finite length of the overlap region. In the 
presence of clock skew, the windowing effect is different for 
S, and S,. This limits the accuracy of (equation (8) as 
highlighted by the approximation (Z ) symbol. A Monte Carlo 
Simulations has been done using 2000 iterations. Two 
segments of length 100 samples and overlap cif 32 samples are 
used that results 16% overhead penalty. Input signal is a 
random band limited signal with added white Gaussian noise 
with signal to noise ratio of 50dB sampled at twice Nyquist 
rate. Figure 4 shows simulation results and effect of various 
parameters on RMS Error (RMSE). 

Table Ii. Root Mean Square Error (RMSE) and calculated Spurious 
Free Dynamic Range (SFDR) before and after mismatch estimation 

and calibration. Caliulaions are done for a noise level corresponding 
to a 50dB SNR. 

Figure 4a shows the RMSE for offset mismatch and Figure 
4b shows the same for gain mismatch, for different amounts of 
clock skew ranging from 0.01% to 10% of the sampling 
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interval. The dependencc on clock skew is the result of 
windowing effect that was neglected in Equation 8. For clock 
skews of less than I %  of the sampling interval, the accuracy is 
limited by the noise in the system. RMSE is relatively constant 
for different offset and gain mismatch. Figure 4c shows the 
RMSE for clock skew. RMSE increases with clock skew as a 
result of windowing effect in Equation 8, however. simulation 
results show that it is relatively insensitive to gain and offset 
mismatch. 
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improvement in SFDR obtained by using the above error 
correction technique. Calculations were performed for 4% 
gain mismatch, 4% offset mismatch and 8% clock skew. The 
results show that with the proposed error correction technique, 
the spurs can be reduced below the system noise floor 
(corresponding to 50dB SNR). 
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Fig. 4(c). Root Mean Square Error (RMSE) of clock skew estimation vs 
clock skew in the presence of dc offset (1%). gain mismatch (1%) and 

constant noise level (SNR=SOdE). 
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As shoun in the first part ui this papcr, intur:hnnnel 
mismatches resuli in spur> in frqucncy domain end Itnut thc 
Spur Free Dynamic Rmyc (SFDK) Tnhle 2 shows the 

IV. SUMMARY 

According to the above results, while channel mismatch 
errors in a TSADC array are qualitatively similar to those in a 
sampled-interleaved array, the unique features of the TSADC 
array permits adaptive online calibration. An online adaptive 
calibration technique based on FFT was introduced. 
Simulations demonstrate that with proper selection of overlap 
length, gain, offset and clock skew mismatches can be rather 
accurately estimated and corrected. The operation can be 
performed for each segment, therefore the technique can 
correct for dynamic variations of mismatches as well as their 
signal dependencies. 

In summary, we have analyzed parallel time-stretched ADC 
arrays and introduced an adaptive and online calibration 
method for correcting interchannel mismatches. TSADC is a 
new ADC architecture where the signal is segmented and 
stretched in parallel channels prior to digitization by an array 
of ADCs. Its benefits include an increase in the effective 
sampling rate and the input bandwidth, and a reduction in the 
sampling-jitter noise of the ADC. It was shown that, upon 
reconstruction of the signal from individual time segments, 
inter-channel offset, gain mismatch, and clock skew create 
errors that are qualitatively similar to those in conventional 
sample-interleaved systems. However, the new architecture 
offers the possibility of calibration using a small overlap 
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between segments. The ultimate performance of this approach 
will be limited by noise and windowing effects. 
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