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Abstract
The Time-Interleaved Analog-to-Digital Converter (TI-ADC) is 
an efficient approach to systems requiring very high sampling 
rate with medium to high resolution. However, interchannel 
mismatches and process variations appear as a main bottleneck 
leading to substantial degradation in global TI-ADC performance. 
In this paper, an adaptive compensation technique is proposed 
for improving the overall performance in the presence of offset 
mismatch independent from either non-ideality origins or input 
signal. Proposed method is based on an adaptive Filter that verified 
through simulating a two-channel TI-ADC architecture. Least-
Mean-Squares (LMS) algorithm has been exploited as adaptation 
mechanism so that offset error of each channel is estimated with 
regard to a preselected reference channel. Proposed method is 
realized by a minimum hardware complexity. Besides, proposed 
adaptive TI-ADC is able to track slow drifts in mismatches 
originated from temperature variations or aging process.
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I. Introduction
Advanced Digital Signal Processors have enabled digital systems to 
operate at large data throughputs being an ever-demanding request 
in modern telecommunication systems such as Software-Defined 
Radio (SDR) systems. However, Analog to Digital Converters 
(ADCs) appear as main limiting element in relevant practical 
applications. Parallel ADC structures such as Time-Interleaved 
(TI) and Hybrid Filter Bank (HFB) architectures are possible 
solutions to account for always-growing large sampling rate of 
new wide-band applications [1]. Time-interleaved ADC consists 
of M channels. There is an ADC in each channel operating at a 
sampling rate M-times slower than global TIADC clock (Fig. 
1). Thus, TI-ADC represents an effective way to achieve high 
sampling rate using relatively slow circuits. Ideally, all channel
ADCs should have identical characteristics with the same clock 
skew[2]. In reality, performance of TI-ADC is influenced by 
different error terms originated from mismatches occurring 
among different channels in associating with fabrication process 
variations. Error terms can be decomposed into: offset error, 
gain mismatch, and timing skew between the channel clocks.
The effective output resolution of TI-ADC drastically deteriorates, 
leading to unacceptable Effective Number Of Bits (ENOB) [3]. 
Interchannel mismatches limit Signal-to-Noise Ratio (SNR) and 
Spurious-Free Dynamic Range (SFDR) of TI-ADC.

Fig. 1: General Structure of M-Channel Time-Interleaved ADC (a) 
and Timing Diagram of Sampling Edge at Each Channel (b). Ts 
and M Represent Global Clock Period and Number of Channels 
Respectively

Several mismatch compensation methods have been introduced 
up to now [3–6]. However, their practical applicability has 
mostly been limited because of related computational complexity. 
Adaptive filtering technique has been investigated for correction 
of offset and gain mismatches with a simple structure in [4]. 
However, it is limited to single frequency input signal and 
provides no capability to sufficiently improve output quality 
because of filter structure (single coefficient). In [5], a method 
has been exploited so that offset value is separately estimated at 
each channel. It requires a huge computational load to achieve a 
reasonable accuracy. In [6], a compensation method based on a 
PRBS-controlled chopper has been used at the ADC input which 
requires additional analogue circuitry. In practice, both [5] and 
[6] are based on the algorithms being separately applied to each 
channel, i.e., no cross-channel information is employed. In this 
paper, a new algorithm is proposed as an extension of previous 
works [6-7] so that cross-channel information is used. Proposed 
algorithm represents a new correction structure using Least-
Mean-Squares (LMS) algorithm to adaptively compensate offset 
mismatch in a Mchannel TI-ADC. For convenience and without 
loss of generality, simulations have been here performed using a 
two-channel TI-ADC. In section II, effects of mismatch error are 
analyzed in terms of A/D performance particularly regarding offset 
non-ideality. Then, section III describes the proposed mismatch
compensation techniques. Simulation results are discussed in 
section IV. Finally, the results are summarized and concluded 
in section V.
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II. Analysis of Offset Error in TI-ADC
The effects of offset error in interleaved ADCs are analyzed in 
this section [7].

Fig. 2: Offset Mismatch Model in a Two-Channel TI-ADC. 
Offset Causes a Horizontal Shift in Inputoutput Characteristics 
of Each Channel in TIADC. Characteristics of both channels in 
twochannel TI-ADC with and without offset error (above) and 
general model of two-channel TIADC considering independent 
offsets in channels (below).

Without loss of generality, a two-channel TIADC is considered 
as shown in fig. 2. Also, it is supposed that each channel consists 
of an independent offset whereas other parameters are identical 
(Fig. 2). Offset error causes fixed pattern noise at the output of 
global ADC. In the case of DC input signal, two different codes 
are produced at output nodes of channels. Each channel error is 
associated with a period of 2TS. Offset errors effect on the global 
output of M-channel structure is represented by a series of periodic 
peaks in frequency domain at [7]:

    (1)

Fig. 3: Offset Mismatch Error in Time (Left) and Frequency(Right) 
Domains Associating With a Twochannel TI-ADC

Signal-to-Noise Ratio (SNR) degradation of global ADC (total 
pattern-noise power) due to the offset mismatch is constant 
regardless of the input frequency and amplitude (Fig. 3). In 

practice, a constant offset at the global output may easily be 
compensated [5]. In TI-ADC case, channel offsets generally are 
independent and different. In each M-Channel TI-ADC, output 
of channel j can be shown as follows:

   (2)
Where xrj and voj stand for ideal value and offset at jth channel 
respectively. If sth channel is supposed as reference branch, other 
offsets may be evaluated as:

 (3)
So if voj ˗ vos is compensated from output of each channel, then 
offsets of all channels will be equivalent to the reference channel 
offset as following:

  (4)
Where,

j [n] represents the compensated output of jth channel. After this 
compensation, the whole M-Channel TI-ADC may be modeled as 
a global ADC with constant offset equal to reference offset.

III. Proposed adaptive compensation Method
In this section, an adaptive correction technique is proposed based 
on Adaptive Noise Cancellation (ANC) technique. For this purpose, 
ANC technique and LMS algorithm are firstly reviewed.

A. Adaptive Noise Cancelation (ANC) Algorithm
ANC is a technique for estimating or extracting a desired signal 
in the presence of additive noise [8-9]. General block diagram of 
ANC algorithm is illustrated in fig. 4.

Fig. 4: General Block Diagram of ANC Algorithm. Primary and 
Reference Signals Represent Desired and Noise Components 
Respectively

In fig. 4, s[k] and n[k] stand for the noiseless signal and input 
noise namely primary and reference signals respectively. X1[k] and 
X2[k] are the only known signals. Similarly, there are two output 
signals namely y[k] and e[k] called filter output and error signal 
respectively. Filter parameters W should adaptively adjusted so 
that input noise contribution in error signal e[k] is minimized.
Assuming statistical independence of primary and reference 
signals, LMS algorithm can be used for minimizing error signal. 
Minimizing energy of e[k], error signal e[k] will converge 
towards unknown primary signal s[k]. Then, energy of e[k] can 
be considered as a cost function for adjusting filter W as [8]:

  (5)
Supposing independence of noise and desired signals and applying 
gradient method, W[k] can be updated as:
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 (6)
that L and η represent filter length and learning factor respectively 
[8].

B. Proposed Method
Each channel output can be decomposed into two terms: error 
term (due to offset) and inputrelated part [3]. Channel errors 
are independent, but the input-related terms are correlated. This 
property may be used to mutually reduce errors at different 
channels. Assuming the first channel output as a reference signal 
and using ANC technique, offset value at other channels can be
compensated with regard to reference signal. After compensation, 
global TI-ADC will be equivalent to an ADC with constant DC 
offset (equivalent to offset at reference branch). Considering a 
two-channel TI-ADC, first channel is assumed as reference branch 
(Fig. 5). Thus, first and second channel outputs will be associated 
with reference and primary inputs respectively in terms of ANC 
technique (see Fig. 4 and Fig. 5).

Fig. 5 Two-Channel TI-ADC Structure With Compensation of 
Offset Mismatch Error. ANC Algorithm Has Been Used to Correctt 
Offset Terms

In the case where error is limited to offset mismatch, error may be 
assumed to be independent of input signal completely and so, filter 
able to separate offset error from signal. It should be noted that the 
output of this system is the Filter Output Signal instead of Error 
Signal. On the other hand, filter reconstructs input signal instead 
of channel error. This proves that output signal of each channel 
is filtered of other channel output. Block diagram of proposed 
filtering system is shown in fig. 5. Considering fig. 5, channel error 
mismatch will be reduced and desired signal will be reconstructed 
using adaptive filter W. Applying ANC algorithm, filter output y[k] 
can be considered as second output after compensation.
A very important parameter in adaptive filtering is learning 
factor of filter (η). Simulations showed that an optimum value 
for learning coefficient in TI-ADC application is:

     (7)
where L represents the filter length (number of coefficients).

IV. Simulation Results
Simulations performed on a two channel TIADC considering 
channel resolutions of 12 bits and filter length of 256. Comparison 
criteria for filter operation, is the SNR of system’s output signal. 
To calculate SNR of output signal, it is necessary that signal and 
noise energy in output signal are computed separately. Global 
error has been used as following:

  (8)
where Ideal[k], Out[k] and Error[k] represent ideal output, 
practical output and error signals at kth time index respectively. So, 
signal Es and noise En energies will be obtained from following 
relationship:

  (9)
SNR value can be computed as follows:

  (10)
By applying LMS algorithm for filter coefficients adjustment, 
desired input signal is reconstructed with a limited resolution. In 
these simulations, input signal is a single frequency sinusoidal 
wave swept over the whole spectrum. The SNR value of ideal TI-
ADC and the one related to TI-ADC with offset error mismatch
have been compared versus input frequency in fig. 6. In proposed 
adaptive structure, SNR is enhanced from 41.77dB to 72.09dB, 
i.e. an improvement of 30.32 dB has been obtained in SNR value. 
Results show that improved SNR is close to the ideal case (without 
offset errors). In other words, offset error has been completely 
removed in compensated TI-ADC.

Fig. 6: SNR Versus Input Signal Frequency for Two-Channel TI-
ADC in Two Cases: Without Compensation Technique (Red) and 
After Applying Adaptive Compensation Method (Blue)

To follow up the dynamic of proposed adaptive architecture, 
temporal value of output offset has been shown in fig. 7. Offset of 
second channel converges towards the offset of reference branch. 
After about 300 iterations, the offset values at both channel outputs 
offset are the same.
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Fig. 7 Offset Value at Outputs of Two-Channel ADC (Reference 
Channel in Red and Primary Input in Blue) and the Error Signal 
e[k] of Proposed Adaptive TI-ADC (in Black) Versus Iteration 
Number. Error Signal Converges to the Offset Value of Reference 
Channel After About 300 Iterations

It is easily seen that proposed technique results in an evident 
improvement in output SNR. To evaluate the performance of 
proposed method, SNR and Effective Number of Bits (ENOB) 
are compared in Table 1.

Table 1: Performance of TI-ADCs With Different Architectures: 
Ideal (Without Offset), With Offset and Proposed Compensation 
Architecture

According to Table I, offset mismatch error has completely 
been eliminated in a two-channel ADC using proposed adaptive 
method.
Power spectral densities of output signals are compared in fig. 
8. The second peak related to offset is completely omitted in the 
compensated architecture.

Fig. 8 Power Spectrum of TI-ADC Output Before Filtering(Left) 
and After Filtering(Right)

V. Conclusion
Errors originated from channel mismatches are a main bottleneck 
in realizing wide-band TI-ADCs with acceptable global output 
resolutions. In this paper, a new compensated architecture has been 
proposed for TI-ADC using an adaptive filter to eliminate offset 
errors. It was shown that offset errors can be efficiently eliminated 
in TI-ADC using proposed adaptive architecture without any a 
priori information about the input signal. Simulation results prove 
that this technique is capable to completely correct offset errors in a 
two-channel TI-ADC. Besides, proposed compensation technique 
is digitally realized. Then, requiring no extra hardware complexity, 
it can easily be implemented on IC level as an advantage.
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