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Abstract 
The goals for most of today’s receiver system are sampling at high-speed, with high resolution and 
with as few errors as possible. This master thesis describes the design of a high-speed sampling 
system with “state-of-the-art” components available on the market. The system is designed with a 
parallel Analog-to-digital converter (ADC) architecture, also called time interleaving. It aims to 
increase the sampling speed of the system. The system described in this report uses four 12-bits 
ADCs in parallel. Each ADC can sample at 125 MHz and the total sampling speed will then 
theoretically become 500 Ms/s. The system has been implemented and manufactured on a printed 
circuit board (PCB). Up to four boards can be connected in parallel to get 2 Gs/s theoretically. 
 
In an approach to increase the systems performance even further, a timing error estimation 
algorithm will be used on the sampled data. This algorithm estimates the timing errors that occur 
when sampling with non-uniform time interval between samples. After the estimations, the 
sampling clocks can be adjusted to correct the errors. 
 
This thesis is concerning some ADC theory, system design and PCB implementation. It also 
describes how to test and measure the system’s performance. No measurement results are 
presented in this thesis because measurements will be done after this project. The last part of the 
thesis discusses future improvements to achieve even higher performance. 

 
 

Nyckelord 
Keyword 
Analog-to-digital converter, ADC, A/D, sampling system, high speed, timing error, estimation 
algorithm, time interleaving, parallel architecture, PCB design, conveter, undersampling 





 

 i

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

for Helena 



 

 ii



 

 iii

ABSTRACT 
The goals for most of today’s receiver system are sampling at high-speed, with 
high resolution and with as few errors as possible. This master thesis describes 
the design of a high-speed sampling system with “state-of-the-art” components 
available on the market. The system is designed with a parallel Analog-to-digital 
converter (ADC) architecture. This architecture is also called time interleaving 
and aims to increase the sampling speed of the system The system described in 
this report uses four 12-bits ADCs in parallel. Each ADC can sample at 
125 MHz and the total sampling speed will then theoretically become 500 Ms/s.  
 
In an approach to increase the systems performance even further, a timing error 
estimation algorithm will be used on the sampled data. This algorithm estimates 
the timing errors that occur in the clock distribution, resulting in a non-uniform 
time interval between samples. When the estimations are done, the sampling 
clocks can be adjusted to correct the errors. Up to four boards can be connected 
in parallel in order to increase the system bandwidth up to 2 Gs/s (theoretically). 
 
This thesis is concerning some ADC theory, system design and implementation. 
It also describes how to test and measure the system’s performance. A way to 
compare the system with a single high-speed flash ADC is also provided. The 
system has been implemented and manufactured on a printed circuit board 
(PCB). No measurement results are presented in this thesis because 
measurements will be done after this project. The last part of the thesis discusses 
future improvements to achieve even higher performance are discussed. 
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1 INTRODUCTION 
Today, more and more communication systems need a higher bandwidth in 
combination with a higher level of quantization. In addition to just develop 
faster and faster Analog-to-digital converters (ADCs), there are other techniques 
to increase the sample speed and performance of a system. 
Most of today’s RF receiver systems use down conversion of a Radio Frequency 
(RF) signal to convert it to a low Intermediate Frequency (IF) or to baseband. 
Instead of doing this down conversion, it would be much better if it was possible 
to just sample the signal where it is because down conversion introduces more 
noise and errors to the system. To be able to do such sampling, a very 
broadbanded sampling system is needed. 
 
Beside of radio receiver systems, another application that will have benefits of 
increased bandwidth is signal reconnaissance with radar. With a larger 
bandwidth the system could listen to a broader frequency band without sweeping 
the frequency. 

1.1 Purpose 
The purposes of this master thesis project are to design a high speed broadband 
sampling system with time interleaved ADCs architecture and implement it on a 
printed circuit board (PCB). Then a timing error estimation algorithm should be 
applied as a post processing step to see how well timing errors can be corrected. 
This system is developed and designed at the division Digital RF systems at 
Saab Avionics AB in Linköping. Saab Avionics is a company that develops 
electronic equipment for military applications and they have a large interest in 
broadbanded receiver system. 

1.2 Method 
In this thesis, time-interleaving is used as an approach to increase the bandwidth 
of a receiver system. By using the state-of-the-art components available on the 
shelves, a time-interleaving sampling system is designed, manufactured and 
tested. To improve the performance of the receiver system even more, a newly 
developed estimation algorithm will be tested. The algorithm is developed to 
perform an estimation of timing errors in parallel-connected ADCs. A Ph.D. 
student at Linköping University has developed this algorithm in cooperation 
with Ericsson Microelectronics Research Center (MERC) in Linköping 
[3, 6, 7, 8]. 
 
When the PCB has been manufactured, a small comparison between my system 
and an ultra high speed flash ADC with lower shall be done. This comparison is 
not a part of this master thesis project and will be performed at a later time. 
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1.3 This report 
This report describes the work behind the project and are divided into the 
following chapters 
 
Chapter 1: Introduction. Gives a brief introduction of the purpose and 

methods used in this project. 
Chapter 2: Analog-to-Digital Conversion – Theory. Describes the theory 

behind Analog-to-digital conversion and common parameters used 
to compare and measure performance of Analog-to-digital 
converters. 

Chapter 3: The Timing Error Estimation Algorithm. Some theory behind 
the timing error estimation algorithm is introduced and some 
expected results based on simulations are presented. 

Chapter 4: System Description. An overview of the system and a description 
of its subsystems. The selected components are also discussed. 

Chapter 5: The Design Phase. This part of the report describes the system 
design and the schematic design. Layout and routing are also 
included in this chapter. 

Chapter 6: Measurement. This chapter gives a description of how the system 
should be tested and what parameters to measure in order to 
compare it with other converters. 

Chapter 7: Summary and Future Improvements. Gives a summary and 
conclusions from this master thesis project and suggests future 
improvements of the design. 

Glossary Glossary of important terms and abbreviations used in this report. 
References List of references used in this project. 
 
Appendix A System Schematics and Layout. Layout of the PCB and the 

routed signal layers, placement of the Components and Schematics 
of all system parts are provided in this part. 

Appendix B Table of Connectors and Switches. A table on how connectors 
and switches are configured. 

Appendix C Table of Components. Table of circuits used in the system and a 
Bill of Materials. 

Appendix D Timing error estimation algorithm. MATLAB code for 
calculation and plot the timing error estimations. 
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2 ANALOG-TO-DIGITAL CONVERSION - THEORY 
Today, almost every communication system works with signals in the digital 
domain. This creates a need for a good Analog-to-digital conversion unit. This 
unit is called an Analog-to-digital converter (ADC). The ADC is a key 
component in systems for radio communication, digital signal processing and 
measuring. It also plays a keyrole in many other systems where an analog signal 
is an input. Ideally, the ADC has infinite resolution and is error free, but in 
reality the resolution is limited and errors are unavoidable even if they can be 
very small. 

2.1 Sampling 
An ADC converts an analog time-continuous signal waveform to a time-discrete 
signal by sampling. Sampling is the technique to represent a continuous-time 
signal with a sequence of time-discrete values (in this case, binary values). The 
signal is usually bandlimited with bandwidth B and sampled at uniform time 
intervals, TS. This will in the frequency domain correspond to a sample 
frequency, SS Tf 1= . To ensure that the sampled signal can be reconstructed 
exactly from the samples, the sample frequency, fS, is required to be at least two 
times the signals highest frequency component. This requirement is known as 
the Nyquist Theorem and 2Sf  is called the Nyquist frequency [1]. Sampling at 
twice the signal frequency is called Nyquist sampling. If an analog signal have 
frequency components above the Nyquist frequency it will have image overlap 
and aliasing distortion because of the sampling [2], see the upper part of 
figure 1. With signals below the Nyquist frequency, these phenomena will be 
easily avoided. Lowpass filtering the signal before sampling would be enough to 
overcome this problem. This is called anti-alias filtering, see figure 1. 

2.2 Oversampling, undersampling and IF-sampling 
Sampling at a higher rate than 2 times the analog signal frequency is called 
oversampling. One of the advantages with oversampling is that only a simpler 
anti-aliasing filter is required. This is because, with a higher sampling rate, the 
mirrored signal images will be more separated from each other and that will ease 
the requirements in the transition band of the filter, see lower part of figure 1. 
 
If an oversampled signal is digitally decimated to a rate closer to Nyquist, an 
advantage called conversion gain will occur. A conversion gain of 3dB is 
achieved for every “factor-of-two” decimation due to a reduction in quantization 
noise with 3dB [2]. 
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Figure 1. Nyquist sampling and oversampling.[2] 

Undersampling in not quite the opposite of oversampling. Undersampling takes 
advantage from the frequency translation caused by aliasing, see figure 2. 
 
 Undersampling is understood by considering the Nyquist theorem. Sampling a 
signal of bandwidth 2Sf  requires a minimum sample rate of fS. This 2Sf  
bandwidth can theoretically be located anywhere in the frequency spectrum, not 
only from dc to 2Sf  but also from SfN *  to ( ) SfN *21+ . The aliasing is 
then used to translate an RF or IF frequency down to baseband (in the same way 
as in a mixer, but then it is called IF sampling). Signals in the frequency bands 

( ) SS fNsignalfN *21* +<<  are translated intact and signals in the bands 
( ) SS fNsignalfN **21 <<−  are translated “flipped” in frequency, see 
figure 2. 
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Figure 2. Undersampling and aliasing.[2] 

2.3 Quantization and SNR 
Quantization is when the time-continuous analog signal with an infinite number 
of amplitude levels maps into a set or finite values represented by a limited 
number of bits. Quantization always introduces an error because some 
information in the signal is lost. When the number of levels in the quantizer is 
large and the input signal is sufficiently random, the quantization error is well 
approximated as a random white noise process, which is uncorrelated with the 
input signal. Most commonly used is uniform quantization, where input 
thresholds and output values are evenly spaced. The quantization stepsize, q, 
determines the resolution of the quantization process.  

N
FSV

q
2

= , VFS = Full-scale voltage input range.  

The quantization error is defined as the difference between the analog signal and 
the quantized signal. This error is uniformly distributed within a quantization 
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level. This gives a total quantization noise power 
R

qPqn 12

2
=  , (R=50Ω)and a 

signal-to-quantization noise ratio, ))(
2

(log1076.102.6
max

10 dB
f
f

NSNR s++=  

where fmax is the bandwidth of the sampled signal, and N is the number of 
resolution bits. This is the generally assumed theoretical maximum SNR of 
ADC’s. A more commonly used expression for the SNR is 

)(02.622 dBNSNR N == . 
In this expression 1.76dB is neglected and fS = 2*fmax. 
 
As can be seen in figure 3, sampling with fS much higher than 2*fmax 
(oversampling) will improve the maximum possible SNR. This is called 
frequency spreading of the quantization noise power. 
 

2.4 ADC nonlinearity (DNL/INL) 
The previously assumed fact that the quantizer stepsize is uniform is not quite 
true. In reality it is impossible design the internal parts of an ADC so that the 
threshold spacings are uniform. This and other non-ideal parameters will cause 
nonlinearity in an ADC [1]. 
 
The difference in step size between adjacent threshold spacings and the ideal 
stepsize is called the differential nonlinearity (DNL). The ideal step size is 
theoretically 1 LSB. DNL is the deviation from that. Example of DNL error is 
shown in figure 4. 
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Figure 3. Frequency spreading of quantization noise power.[4] 

Integral nonlinearity (INL) is defined as either the maximum or the average 
deviation from a straight line drawn between extremes. [1, 3] INL is described in 
LSBs or in percent of full-scale-range (%FSR). In an ordinary ADC, an INL 
error is probably around +/-1 LSB, but in interleaving systems such errors can 
easily double and causing output-code errors. Example of INL error is shown in 
figure 5. 

 

Figure 4. Example of DNL error in a 2-bit ADC.[3] 
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Nonlinearities such as INL/DNL introduce distortion into the system, which 
degrade the dynamic performance such as signal-to-noise and distortion ratio 
(SNDR) and effective number of bits (ENOB). 

 

 

Figure 5. Example of INL error in an ADC.[3] 

2.5 ENOB 
ENOB is the effective number of bits. ENOB is an indication of how accurate an 
ADC is at a specific input frequency and sampling rate. It is calculated as the 
converter’s number of bits minus the ratio of the measured and ideal root mean 
square (rms) error. 











−=

][
][

log
_

_
2 rmsA

rmsA
NENOB

errorIdeal

errorMeasured  where AMeasured_error [rms] is the average 

noise error and AIdeal_error[rms] is the quantization noise error 
12212 ⋅

= N
FSAq . 

AFS is the converter’s full-scale input range determined by the reference voltage 
AREF. 
It can also be calculated as 

02.6
76.1−

=
SNDRENOB  where 

HarmonicsNoise
rmsVoltsInputSNDR

+
=

],[log20 . 

 
ENOB depends on both the amplitude and the frequency of the applied input 
sinusoidal tone. If a 10-bit ADC with a sine-wave input of a specified frequency 
and amplitude has an ENOB of 9.0 bits, it means that it produces the same rms 
noise level for that input as if it would be an ideal 9-bit ADC. 
 
How clock jitter affects the ENOB and SNR can be seen in figure 6 below. 
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Figure 6. How clock jitter affects ENOB and SNR. ta is the aperture jitter.[12] 

2.6 SFDR 
SFDR is the Spurious Free Dynamic Range and is defined as the difference in 
decibel (dB) between the input tone and the largest spur (images are not 
included). The input tone is assumed to be a single tone sinusoidal (there are 
also other definitions) and by calculating the Fast Fourier Transform (FFT) of 
the ADC output, the SFDR can be measured. This provides the frequency 
spectrum of the output of the ADC and is plotted as ADC output power in dB vs. 
Frequency. How to determine the SFDR from the ADC output spectrum is 
shown in figure 7. 
 
With SFDR, one can determine how large and small signals the ADC can detect 
simultaneously. Hence, this is an important parameter to measure in radio 
receiver applications. SFDR is not to be confused with SNR, they are two 
parameters that typically has a large difference. The SNR is the ratio between 
the signal power and the power of the residual error (the quantization error 
expressed in dBm). The SFDR is the ratio between the signal power and the 
peak power of only the largest spurious product within the band of interest. 
Therefore it is not a direct function of bandwidth. The SFDR can be much larger 
than the SNR, but that is to some reason because SFDR does not consider all the 
kinds of noise and distortion that SNR considers [4]. 
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Figure 7. Spurious Free Dynamic Range.[4] 

SFDR is a useful parameter when the signal bandwidth is smaller than 2Sf . 
Techniques to improve the SFDR are dithering, post digitization-processing, 
state variable compensation, phase-plane compensation and projection filtering. 
To read more about these techniques, see [4]. 

2.7 ADC methods 
There are several different methods to implement the analog-to-digital 
conversion, each one with its advantages and disadvantages. The most common 
conversion methods are called sigma-delta-, successive approximation-, 
subranging- and flash conversion. 
This report will only discuss the flash and subranging converters as subranging 
converters are chosen for this project and they are made of flash converters. For 
further reading about other converter models, see [4]. 

2.8 Flash and subranging ADC 
The flash and subranging conversion techniques are today the fastest conversion 
techniques on the market. The flash ADCs are sometimes called parallel ADCs 
because they have many comparators in parallel. 
 
In the current state-of-the-art flash converters, sampling rates are in the range of 
1-2 Gs/s for 8-bits converters and 100-200 Ms/s for 12-bits converters. The flash 
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ADCs are typically not made with higher than 8-bits resolution while the ADCs 
made with subranging technique can achieve an even higher resolution at a 
relatively high speed. The flash ADCs uses voltage comparators to determine the 
amplitude of the input signal. For an N-bits ADC, 2N-1 comparators are used in 
parallel. This is one reason that makes it very expensive to make flash ADCs 
with higher than 8-bits resolution. Not only the cost of development and 
manufacturing but also the cost of circuit area increases rapidly.  
 
The input signal to a flash ADC is applied to one of the inputs of every 
comparator. To the other input, a reference voltage unique for every comparator 
is applied. This will correspond to 2N-1 quantization levels. A voltage divider 
network is typically used to generate the reference voltages. All comparators 
with a reference voltage lower than the analog signal voltage will produce a one 
to the output and all the others, with a higher reference voltage, will produce a 
zero to the output. The outputs of the comparators are then combined through a 
fast logic network to generate the digital word of the ADC. As said before, one 
of the major limitations to flash ADCs is the large number of comparators 
needed in the implementation. Another limitation to flash ADCs is linearity. 
Linearity is a problem observed in degraded SFDR performance. 
 
Subranging conversion is a technique to implement high speed Analog-to-digital 
conversion by combining several fast ADCs with low resolution to one fast 
ADC with higher resolution. Typically flash ADCs are used to this.  
 
Subranged ADCs are often called pipelined ADCs. By using subranging 
technique it is possible to achieve 12-bits ADC’s with 100-200 Ms/s with a 
reduced number of comparators. This is achieved at the cost of a pipeline in the 
converter. The input signal is going through a “pipeline” so that the output data 
word is delayed a number of clock cycles. It has a so called latency. For every 
clock cycle, the data word is going one step further into the pipe. After a known 
number of clock cycles, the data has come through and can be read at the output. 
This means that an ADC with an N-stage pipeline always (except when filling 
up or emptying the pipe in the start and stop process,) will have N number of 
samples in the pipe and every sample takes N clock cycles to get through. The 
complexity for a subranged ADC increases linearly with number of bits 
compared to a flash ADC that grows exponentially. Figure 8 shows the clock 
signals and data latency for a 10 stage pipeline. For more details on subranging 
ADC, see [4]. 
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Figure 8. Clock signal latency for a 10-stage pipelined ADC.[30] 
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2.9 Time interleaving ADC’s 
Time interleaving is a method to increase a system’s overall sampling speed by 
operating two or more ADCs in parallel. This seems quite straightforward but 
can require more effort than expected. With time interleaving it is possible to 
achieve a much higher digital bandwidth for a sampling system. By interleaving 
M ADCs with a sample frequency of fS for each, you will get a total sampling 
speed of M*fS for the whole system [5]. 
To achieve this time interleaving the sample clock is delayed individually for 
each ADC. This can be seen in figure 9 below. 
 

 

Figure 9. Time interleaving of M ADCs.[6] 

With four ADCs the sample delay of each converter is 1/4th sample-clock period 
after the previous converter. (This will give a clock phase 90 degrees from all 
the other ADC’s clock phase.) 
 
Every ADC is, as all other circuits, non-ideal and not exactly like any other 
ADC. Even though it is the same model, manufactured from the same wafer, the 
circuit has its own atomic structure. This causes a slight mismatch with other 
circuits and will show up in the performance. For example, the offset- and gain 
errors are some parameters that are slightly different from circuit to circuit. 
One ADC can show an offset error while another shows a gain error. If these 
ADCs are used in the same system the digitized signal represents not only the 
original signal but also an unwanted error in the digital domain. 
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An offset error causes the signal to have a phase shift when digitized and a gain 
mismatch shows up as differences in signal amplitude. [5] 

2.10 Clock jitter influence on ADCs 
There are mainly two types of clock jitter, random and static. Random jitter 
gives random fluctuations in the clock edges. The static jitter is the same as error 
caused by a non-uniform clock signal. A uniform clock is 50% high and 50% 
low during one cycle. With a static error that condition is changed. However, 
static errors are easy to determine and compensate for because they are equal 
from cycle to cycle and therefore predictable. It is worse with the random clock 
jitter. That jitter will, due to its randomness, cause differences in the sampling 
time from cycle to cycle. Random clock jitter is sometimes also called aperture 
jitter. This kind of jitter needs to be minimized in order to get the best out of the 
timing error estimation algorithm. Using a clock source with a clock edge as 
steep as possible reduces noise on the clock signal and minimizes the jitter. 
Figure 10 shows jitter in a clock signal. ∆t is time uncertainty in the clock edge. 
 

 

Figure 10. Jitter in clock signal. ∆t is uncertainty in the clock edge. 
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3 THE TIMING ERROR ESTIMATION ALGORITHM 
No ADC can sample at exactly the same time as another. Every ADC will, no 
matter how good clock and circuit designs, always sample a little different in 
time compared to every other ADC’s sample time. No ADCs have exactly the 
same performance. Of course, some ADCs are more exact than others and some 
errors are small enough to consider the ADCs as equal. In parallel A/D converter 
structures, the different delays for different ADCs cause problems. These 
problems are called timing errors because they produce a timing offset in the 
samples. (A delay because the samples are not equidistant.) There exist several 
methods to estimate these offsets. Most of them require the input signal to be 
known, but the method described here only assumes that the signal is band 
limited to the Nyquist frequency. This is not a limiting restriction because an 
anti-aliasing filter is usually always needed before the ADC and it restricts the 
signal’s frequency band. Beside this assumption, the input signal can be 
unknown. 
This algorithm can only estimate static timing offsets (errors that do not change 
from cycle to cycle). All other errors such as random timing errors, quantization 
errors and amplitude errors are assumed to be zero and therefore not considered.  
 
The idea behind the algorithm is that the signal changes more on average if the 
sampling interval is longer than the nominal sampling interval and changes less 
on average if the sampling interval is shorter than the nominal, see figure 11. If a 
sample is to early, the average difference between two adjacent samples is 
smaller than the nominal difference and if a sample is to late the average 
difference between two samples is larger than nominal. 

 

Figure 11. The basic idea behind the algorithm.[6] 
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3.1 The algorithm 
This part of the chapter describes how the algorithm is calculated with iterations. 
The notations are as follows. The time error for the ith ADC is denoted ti. Ts is 
the nominal sampling time interval. M is the number of ADCs. The output from 
the ith ADC is denoted yi[k], where k is the kth sample from that ADC. N is the 
number of samples from each ADC. 
The first estimate of the errors is then calculated as 
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With use of fixed-point iteration the following estimates are calculated as 
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3.2 Correction by interpolation 
After timing error estimation has been done, the uniformly sampled signal is 
estimated from the measured non-uniformly sampled signal. The reconstruction 
is done by calculating the discrete Fourier transform (DFT) of the M 
subsequences yi[k],  
 
i=1, …, M. 
 
Yi[n] = DFT{ yi[k]} 
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The DFT of the estimated uniformly sampled signal, ][ˆ 0 kyi  is then calculated 

from Yi[n] as 1
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][ˆ 0 ky  is then calculated as ]}[ˆ{ 0 nYIDFT . 

3.3 Simulations and results 
The algorithm has been simulated to determine how good estimations that can be 
expected from real measurements. The simulations show that only two iterations 
are necessary to get an accurate result, see figure 12. Further iterations will 
almost not affect the estimation at all [3]. How accurate the estimations are can 
bee seen in figure 13a and 13b. Jitter between +/-10% of the clock period has 
been added to the input signal before the estimation. RMSE is an abbreviation 
for Root Mean Square Error. 
 
The signal needs to be band limited to the Nyquist frequency if the algorithm 
should be able to estimate the timing error. However, the closer to the Nyquist 
frequency the signal is, the higher error in the estimation. When the input signal 
is exactly at Nyquist Frequency the error in the estimation is just as large as the 
timing error itself. To get quite accurate estimations, it is preferred that the 
signal frequency is below 1/3 of Nyquist. 
 
Increased amount of data used for the estimation improves the result until about 
100 000 samples per channel. Then the improvement of the estimation accuracy 
is very slow as can be seen in figure 14. 
 
A measurement to verify the simulated results has also been made. It was two 
ADCs of model AD6644 (14-bits, 65Ms/s), that was time-interleaved. For result 
of that measurement see [6].  
 
This estimation algorithm has been developed at the Department of Electrical 
Engineering (ISY), Linköping University in cooperation with Ericsson 
Microelectronics AB. For more information, see [3, 6, 7, 8]. 
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Figure 12. Estimation accuracy for different number of iterations.[3] 

 

Figure 13. Simulated estimated errors before iteration (a) and after one iteration (b).[3] 



3 THE TIMING ERROR ESTIMATION ALGORITHM 
 

 19

 

Figure 14. Estimation error for different amount of data.[3] 
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4 SYSTEM DESCRIPTION 
Designing a fast time interleaving system require a lot of considerations and 
care. There are many things to think about and it is easy to make a mistake. The 
circuits must be compatible with each other, a proper impedance matching must 
be done, the clock signals must not be skew, crosstalks, ringings and other 
interferences have to be avoided as much as possible. 
The goal for this project was to design a state-of-the-art broadband sampling 
system and implement it on a printed circuit board (PCB). To start with, a 
research of the component market was made to find out how good the 
performances are of the latest circuits available. Then it was up to me to decide 
which components to use in the system and by that determine the system 
specifications. Though, a predefined specification says that the system should 
use at least four ADC’s in parallel.  
 
The decision of system components and how the signal flows are intended to be 
can be seen in the system overview, figure 15. An analog input signal is applied 
and split up into four individual channels by a power splitter (PS 1:4). Each of 
the channels has a differential amplifier that amplifies and makes the signal 
differential and an ADC to convert it. A FIFO memory (First In First Out) is 
then connected to take care of the digital data. A clock generator generates the 
clock signals, which are delayed individually before every ADC. The I/O-card 
takes care of the control signals to and from the system. It also read out the data 
from the FIFOs into a computer. Table 1 shows the specifications and for the 
system. 

4.1 System components 
This part of the report is only a description of the parts chosen for my system. 
The design issues with these parts are considered in the part “The Design 
Phase”. Some data of the used components can be seen in the table of circuits, 
Appendix C. Specification for the system can be seen in table 1. 

4.2 The analog parts, ADC and differential amplifier 
To start with, the focus was on getting components with the highest possible 
analog bandwidth and highest sampling frequency available. The number of bits 
in the ADC was also of concern in order to achieve a high enough dynamic 
range. 
 
8-bits ADCs in a parallel system have a little too low resolution to give a high 
enough dynamic range so a decision to search for ADCs with at least 10-bits was 
made. Three ADC models of interest for my design were found. It was AD9433 
& AD9430 from Analog Devices and the RAD020 from Rockwell Scientific 
[30, 35].  
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Figure 15. Overview of the time interleaved sampling system. 

Table 1. Specifications of the sampling system. 
Analog input bandwidth 750 MHZ 
System sampling speed 224 Ms/s – 500 Ms/s 

Resolution 12 bits 
Sampling clock speed 56MHz – 125MHz 

Delay range 4.48 ns for each clock 
Delay step size around  17.5 ps 

External clock signal input Differential PECL 
FIFO clock frequency Max 133 MHz 

FIFO Output data 3.3V TTL 
Power Supplies +5V Analog 

 +5V Digital 
 +3.3V Digital 
 0V Analog Ground 
 0V Digital Ground 

Input Analog Signal (Gain = 0) 0.35VP-P - 0.45VP-P (-5dBm to -3dBm)
Input Analog Signal (Gain = 1) 0.7VP-P - 0.9VP-P (+1dBm to +3dBm) 

 



4 SYSTEM DESCRIPTION 
 

 23

The 10-bits 1 Gs/s RAD020 seemed to have very good performance but 
unfortunately it is still under development. It would probably be available as 
samples during 1st quarter 2002 but it seemed to be a large uncertainty in that so 
my decision was not to take the risk of using it. Also, using brand new circuits 
can cause trouble. The circuits might not have been tested enough and there 
could still be remaining bugs. That would cause an unwanted delay in my 
project. 
 
AD9430 is also an ADC that seems to have very good performance. It is a 
12-bits ADC with sampling rates of 170 or 210 Ms/s. This ADC was released in 
December 2001 and that is also to new to be used in my design. Therefore it was 
only one choice left, the AD9433. It is a 12-bits ADC with a maximum sampling 
rate of 125 Ms/s. (It is also available in a 105 Ms/s version.) It has been on the 
market since mid 2001 so it is also quite new but has probably been more tested 
than the others. For specifications of the AD9433 see table of circuits, 
Appendix C and Analog devices datasheet [30]. Using this ADC will set a 
maximum sampling speed and a digital bandwidth of my system to 500 Ms/s 
when four ADCs are used. And to start with, my system will not have more than 
four ADCs in parallel. 
 
For performance comparison an evaluation board with one AD9433 and a board 
with a MAX 108 from Maxim should be used. MAX 108 is an 8-bits ADC that 
can manage sampling at 1.5 Gs/s. This comparison will be made after the end of 
this master thesis project. 
 
AD9433 is a monolithic sampling ADC with internal track-and-hold. It has a full 
power analog bandwidth of 750 MHz and can manage IF sampling up to 
400 MHz. It is also pipelined with a latency of 10 clock cycles. 
Spurios Free Dynamic Range (SFDR) is 85dBc with an input signal frequency 
up to 125 MHz and 80dBc up to 250 MHz. 
 
The chosen ADC requires a differential analog input signal but the power splitter 
does not provide that. Therefore I decided to use a differential amplifier with a 
single ended input and differential output. For that I have chosen the model 
AD8350 from Analog Devices. It is a low distortion 1.0 GHz amplifier and a 
relatively new designed circuit. Released in the later part of 2001, so it has not 
been on the shelf for so long. The choice is to use it anyway since no better 
alternative has been found. The amplifier is designed with a predefined gain of 
15dB or 20dB and it can be driven with single ended or differential ended input. 
It has a high dynamic range with an output IP3 of +28dBm: Re 50 Ω at 
250 MHz. 
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4.3 Noise considerations 
To find out if the amplifier is good enough for use in my system, some noise 
calculations have been done. If the amplifier is too noisy, the analog signal will 
be affected. The SNR will be reduced before it reaches the ADC. If the 
quantization noise of the ADC is smaller than the noise level at the analog input 
signal, the idea with a high number of bits will then loose its purpose. In that 
case, the noise floor of the analog signal has become too high (SNR less than 
0 dB). 
 
Noise is impossible to avoid completely. A noise free world will only exist if the 
temperature is 0 K. Above that temperature, there will always be some thermal 
noise that affect signals. Thermal noise is a universal phenomenon. The 
thermodynamics state that everything with a temperature above 0 K radiates 
electromagnetic radiation (mostly in the infrared region). Thermal noise is 
calculated as kT, where k is Boltzmann’s constant (1.38’10-23 J/K) and T is the 
absolute temperature. Usually, kT0 are used as the reference where T0 = 290 K 
and the thermal noise is expressed in power/frequency 
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Noise Figure is another figure of merit used for calculations of the output noise 
power from an amplifier. Noise Figure (NF) is defined as the total output noise 
power divided by output noise due to input source.  
Thermal noise is together with the Noise Figure and Gain (G) used to calculate 
the total noise at an amplifier’s output, se figure 16 below. [29] 

 

Figure 16. Output noise from the differential amplifier. 

The calculations are as follows 
0)1( kTNFinputatpowernoiseaddedEquivalent ⋅−=  
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I have chosen the amplifier AD8350 with 15dB gain for use in my design and by 
integrating the power over the analog bandwidth the equivalent noise bandwidth 

will be MHzf dB 750
22 3 ⋅=
ππ .  

By converting from power to voltage, the thermal noise will be 
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The Noise Figure for this amplifier is 6.8dB at 150 MHz. (6.8dB = 4.78 times 
and 15dB = 31.6 times).This results in a total output noise power 

HznVnV /5.67Hz0.447 * 4.78 * 31.6 = . Squaring this expression and 
integrate the noise over the bandwidth will result in 
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The ADC used in my system has 12 bits and 4096 quantization levels. With a 
peak-to-peak voltage of 2V, the resolution of the ADC is 2 / 4096 = 0.46mV. 

This gives a quantization noise voltage of mV14.0
12
1
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The noise from the amplifier is larger than the ADCs -77dB quantization noise. 
Noise added from the differential amplifiers is therefore dominating the analog 
channels. With a large bandwidth, the equivalent thermal resistor noise will 
become relatively high. Even if there are no other components than an ADC in a 
system, the thermal noise will become higher than the quantization noise if the 
ADC has a resolution of 12 bits and the bandwidth is 750MHz. However, by 
applying a digital filter to the sampled signal at a later time in the signal 
processing stages, a reduction in bandwidth can reduce the quantization noise so 
that the equivalent thermal noise decreases. So, even though the thermal noise is 
higher than the noise in my system, it will probably not limit the use of all bits in 
the ADC. For more information about the AD8350, see Appendix C or its 
datasheet [30].  

4.4 The power splitter 
The power splitter is a passive device that takes an input signal and splits it into 
several equal outputs. Normally there is 0 degrees phase shift between any two 
output signals and the isolation between two outputs is high. When splitting a 
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signal, its power will divide equally on each output port. This will give a 
theoretical loss of power called Insertion loss. The insertion loss for a two-way 
splitter is 3.0dB and for a four-way splitter 6.0dB. In reality it is a little bit 
higher due to its non-ideality and it increases with higher frequencies. 
 
To distribute the signal equally to each one of the four channels I use a one-to-
four ways Power Splitter. Most power splitters are made for higher frequencies 
(RF) and this results in not so many splitters supporting the 0-500 MHz 
frequency band. The only suitable power splitters found on the market are from 
the company MiniCircuits. The splitter chosen for my design is called PSC-4-5. 
It is a 4-way 0-degrees splitter made for the frequency band 1-800 MHz [32]. 

4.5 The clock distribution 
Designing clock distribution is an extremely important issue for a system like 
mine. Clock skew and clock jitter are two important parameters to consider in 
clock distribution design. In my search on the market, not many clock generator 
circuits with a high frequency were found. A clock source that can manage at 
least 125 MHz is needed. This is a required frequency to be able using 
maximum sampling capacity of the ADCs.  
 
Most of the clock sources above 100 MHz are based on PLL technique to 
synthesize the frequency. Using PLL-technique would require a lot of work to 
make the clock functional. There are loop filters to be designed, voltage 
controlled oscillators to be operated and many other things to consider in order 
to get a PLL to work properly. Therefore, constructing a PLL as a clock source 
for this project would require a lot more time than available and is not an option. 
Instead a programmable frequency synthesizer from Micrel is used, model 
SY89429V. It is programmable between 25 MHz and 400 MHz in steps of 
1 MHz and has a differential PECL signal output. It is actually a built-in PLL 
with some logic around. The good thing with this circuit is that so many external 
components are needed. Only one crystal oscillator, a loop filter, and some 
power supply filters made of ferrite beads are required [9]. Micrel has a 
recommendation on what components to use in a design. These recommended 
components are also used in my system. One thing that can cause trouble with 
this component is the aperture jitter. The programmable circuit has a jitter of 
+/-25 ps which is quite a lot. I have seen clock circuits with a jitter around 5 ps, 
but then the circuit has fixed frequency [36]. 
 
In order to distribute the clock to all four channels I have chosen to use a 1:4 
clock driver. This circuit is called SY10EL15, also from Micrel. The clock 
driver is designed for low-skew clock distribution applications. It has 50 ps 
output-to-output skew and it can be driven both differential and single ended. 
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After each clock driver, two programmable delay lines are cascaded to set 
individual clock delay and compensate for the estimated timing errors. These 
delay lines are also constructed by Micrel and they are called SY10E195. They 
are made with ECL gates and have a resolution of about 20 ps delay per step. A 
range of up to 2.24 ns delay can be programmed and the input signal can have a 
bandwidth larger than 1 GHz. The delay circuit is made of multiplexers and 
logic gates to achieve the programmability.  
 
The delayed clock signal is split into two clock signals with a 1:2 differential 
fan-out buffer from Micrel, SY10EL11V. This is because the clock should drive 
both the ADC and the FIFO’s write clock. To split the clock signal without a 
buffer is not a good option because a long stub will be introduced even if both 
lines are terminated. The stub lines cause reflections and unwanted complex 
impedances. 

4.6 FIFO’s and computer interface 
After sampling the signal, data needs to be taken care of. For that purpose, FIFO 
memories are used to temporary store data. The FIFO memory chosen for my 
design is made by Integrated Device Technology, IDT and is called “3.3 Volt 
High-Density Supersync IITM Narrow Bus FIFO”. The model is IDT72V263 and 
it is a FIFO with an 8192 x18/16384 x9-bits organization. It is pin-compatible 
with all the models in the series [33]. This FIFO series can handle up to 
166 MHz clock frequency (the one I have chosen handles maximum 133 MHz) 
and has a selectable output bus handling of x9/x18-bits. 
  
The control of the FIFOs and all other circuits are managed by an I/O-card for 
PC. The card is developed by Advantech and has 32 input pins and 32 output 
pins. It has an ISA-connector to connect with a PC so it is quite old. However, it 
fulfills the requirements to communicate with my system and it is relatively easy 
to write programs for it. The model is called PCL-720 and uses TTL signal 
levels [34]. 
 
To convert TTL signals to PECL signals and the other way, a TTL-to-PECL 
circuit (SY10ELT22) and a PECL-to-TTL circuit (SY10ELT23) from Micrel are 
used. The TTL-to-PECL circuit has a propagation delay of about 300 ps and the 
PECL-to-TTL circuit has a delay of about 3.0 ns. 
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5 THE DESIGN PHASE 
Designing a printed circuit board (PCB) requires a lot of considerations. 
Physical phenomena, depending on which material and manufacturing process 
that will be used, and signal phenomena, depending on the circuit design, are 
some effects to consider. This part of the report describes the considerations 
taken into account when the PCB was designed. The first part explains my 
thinking in the design of the whole system and in the schematic design. The last 
part is a description of my considerations in the layout and routing design 
phases.  
 
When describing the design issues in this chapter, I start with the analog parts. 
Then I go on with the clock parts, and last with the other digital parts like FIFO 
memories and I/O-card. Both schematic issues and design issues for the whole 
system are described. 

5.1 Analog signal design issues 
In the analog parts, most of the design issues are considering signal levels (SNR, 
SFDR and input signal level), impedance matching and phase balance. 
After a signal split into four paths with the power splitter, a parameter has been 
set to keep all the lengths of the signal paths equal for the four channels. The 
analog signal paths are designed to be as equal each other as possible. This has 
been done to prevent the analog signal from arriving at different times to the 
ADCs. Then, theoretically, the only phase change will occur from the power 
splitter. It has a phase unbalance of maximum 5.00 degrees between the 
channels. This is for the upper part of the frequency band (400-800 MHz). In the 
lower parts the unbalance is smaller. 
 
The insertion loss for the power splitter varies between 6.44dB and 8.00dB from 
the lowest to the highest frequency. The voltage standing wave ratio, VSWR, 
also varies between 1.06 and 1.42 in the frequency band. It has its minimum 
value of about 1.06 around 200-300 MHz and the highest value at 800 MHz. 
 
The differential amplifiers AD8350 are connected to each channel after the 
power splitter. They have input and output impedance of 200 Ω so it should be 
matched by a 200 Ω source and load impedance. Both input and output matching 
can be implemented by reactive or real matching methods [30]. 
  
The main purpose of using an amplifier in my design is to convert the single 
ended input signal to a differential output signal. This is done like the circuit in 
figure 17. Figure 17 also shows how reactive output matching can be done. The 
reactive matching components are determined using a Smith chart or a resonant 
approach that results in a complex conjugate match.  
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For purely resistive source and load impedances the resonant approach can 
preferably be used. The amplifier can then be modeled to have 200 Ω real 
resistances for frequencies below 100 MHz. For higher frequencies, classical 
Smith Chart matching techniques should be used in order to deal with complex 
impedances. Though, reactive matching limits the bandwidth of the system 
because it is very frequency dependent. That is why my intentions are to use real 
output matching, to avoid frequency dependency and keep the bandwidth high. 
Reactive matching will only be used if real matching does not work as expected. 
 
Real output matching can be used if CAC is 1 nF, CP is disconnected and the 
inductors LS /2 are replaced with 0 Ω resistors. The load resistance on the output 
(the ADC’s input resistance) is around 3 kΩ so it is high enough to calculate as 
high-ohmic. A real output matching network will then only consist of a 200 Ω 
resistor coupled to ground. 
 
At the single ended input a real matching network from 50 Ω (power splitter) to 
200 Ω (differential amplifier) with two resistors is used. This can be seen in 
figure 18. 
 
Solving the following equations gives the matching resistors A and B. 
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This will determine the matching resistors to A=57.74 Ω and B=173.21 Ω. 
 
If reactive output matching is impossible to avoid, the matching network should 
be chosen like this. The series reactance of the matching network inductor is 
defined as SS fLX π2= . The shunt reactance of the matching capacitor is 

)2(1 PP fCX π= . Then, for the output matching (if output resistance of the 
differential amplifier is greater than terminating load) a step down network 
should be used as in the output in figure 17. XS and XP are then defined 

as
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For reactive input matching, a connection like figure 4 in datasheet of AD8350 

can be used to form a step up network [30]. Then 
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Figure 17. The differential amplifier driven single ended at input and differential ended with 
reactive matching network at output.[30] 

 

 

Figure 18. Matching network from the 50 Ω power splitter to the 200 Ω single ended 
differential amplifier. 

The ADC used in my system design needs two power supplies. 5V to the analog 
parts and 3.3V to the digital parts. The power supplies are all decoupled with 
bypass capacitors to ground. In all, every ADC has 9 digital power supply pins 
and 4 analog power supply pins. Each one of the pins has been assigned to a 
0.1µF ceramic capacitor to avoid current spikes and glitches.  
 
The voltage reference level for the ADC is usually taken from the internal 
VREFOUT signal. The VREFOUT is an output signal that delivers 2.5V. 
Usually it is directly connected to VREFIN which is the input pin for the 
reference voltage. Connecting like this in my system would cause a larger offset 
error than necessary. That is because the VREFOUT signal is not exactly the 
same from ADC to ADC. Instead VREFOUT from one ADC is connected to all 
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of the ADCs VREFIN pin. Which ADC to take the VREFOUT from can be 
decided by measurements. Connect a 0 Ω resistor to the VREFOUT pin of that 
ADC. 
 
As input range, the ADC has two selectable modes. It could either handle input 
signals with a typical value of 1VP-P (+4dBm) or signals with a typical value of 
2VP-P (+10dBm). What we know about the system is that the used differential 
amplifier has a gain of +15dB and the power splitter attenuates the signal 
between 6dB and 8dB. Then it is quite straight forward to calculate the signal 
levels backward in the signal path. The input signal level should be between 
0.35VP-P and 0.45VP-P (-5dBm to -3dBm) to get 1VP-P at ADC’s input, and 
between 0.7VP-P and 0.9VP-P (1dBm and 3dBm) to get 2VP-P at the ADC’s input. 
The lower values are calculated with an attenuation of 6dB at the power splitter 
and the higher values are calculated with 8dB attenuation. 

5.2 Clock design issues. 
Now follows the clock design issues. 
Designing with the frequency synthesizer, SY89429V, is quite straightforward. 
Micrel has released an application note and a reference design note for this 
frequency synthesis circuit. Filtering of the power supplies are one very 
important issue that these notes describes. Micrel uses Ferrite Beads and 
capacitors to individually filter all the power supplies. All of the components in 
these filters should be surface mounted with 0805 size in order to achieve 
optimum jitter performance. An external loop filter with a resistor and two 
capacitors is also required. In that filter, up to 1206 size of the components is 
OK. 0805 and 1206 are footprint (sizes) of surface mounted components. The 
first two digits are the length and the last two are the width (in hundredths of an 
inch).  
 
One other important part of the frequency synthesizer design is to choose the 
crystal oscillator. To best achieve the desired frequency, a series resonant crystal 
should be used. A parallel resonant crystal can be used as well but will result in 
more frequency inaccuracies. For my design I have chosen a 16 MHz series 
resonant crystal. 
 
When interfacing the frequency synthesizer with the 1:4 clock distribution 
circuit, one should have in mind that the differential clock outputs FOUT and 
/FOUT are open emitter outputs. Terminating resistors are therefore required. 
The outputs are designed to drive 50 Ω so matched impedance technique should 
be used. Figure 19, taken from Micrels application note [31] give a simple 
termination circuit for a +5V system. 
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Figure 19. Termination schematic for interfacing Frequency synthesizer with PECL 
circuit.[23] 

To control the frequency of the system I have chosen to use two DIP-switches. 
These control the N-value and the M-value to the frequency synthesizer. The 
output frequency is calculated as  

N
MFF XTAL

OUT ×=
8

  

and  

N
FStepSize XTAL 1

8
×=  

MFF XTAL
VCO ×=

8
 

where FXTAL is the crystal frequency and FVCO is the Voltage controlled 
oscillators frequency. Stepsize is the size of steps between the selectable 
frequencies. N is two bits and M is nine bits. 
 
For test purposes, an output pin called TEST is available on the frequency 
synthesizer chip. It reflects internal states and is controlled by the signals SLOAD, 
SDATA and SCLOCK. In my system, a connector is connected to this output pin so 
that test measurements can be done. The outputs from this pin are TTL signals. 
For more information about this TEST pin and the TEST modes, see [31]. 
 
Making the differential clock pair wires equal in length avoids clock skew on the 
PCB so calculating delays for the clock signals is not necessary. The clock 
distribution lines out from the distribution circuit are causing an equal clock 
delay to all parts in the system. Each one of these lines is also terminated with a 
+3V termination voltage made by a current sinking voltage regulator [31]. The 
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clock distribution circuit is a true ECL circuit (it is designed for use with 
negative voltages, -5V to 0V) but the voltage levels have been shifted up 5V to 
make them compatible with PECL input interfaces. 
 
The frequency synthesizer might cause too much clock jitter to be useful in my 
system. Therefore it is desirable to be able to disconnect the circuit and instead 
connect an external differential clock source. To make that possible, two 0 Ω 
resistors are connected to the clock signal output of the frequency synthesizer to 
be able to disconnect the circuit. An external clock source can then be connected 
to two SMA connectors. One SMA for the positive clock signal and one for the 
negative clock signal, see table of connectors and switches, Appendix B. The 
peak-to-peak rms jitter specified in datasheet of the frequency synthesizer is 
+/-25 ps. This is +/-1.25% of the 2 ns as is the systems sampling period. This 
might be too much jitter. The sample can never be more accurate in time than 
the jitter, so if the jitter is too high to make good enough improvements with the 
algorithm, a more jitter free external clock source will be used. 
 
If several cards of my system are connected in parallel in order to increase the 
bandwidth even more, the clocks for all cards must be synchronised with each 
other. Then it will not be possible to use a frequency synthesizer for each card 
because the clocks signals will then drift in time and be asynchronised. This is 
true no matter how equal they are in frequency when they start. Up to four cards 
can be connected in parallel. Two bits in DIP-switch SW8 can be used to set a 
specific ID number on every card, see table of connectors and switches, 
Appendix B. To prepare for multiple cards in parallel, my system has a separate 
1:4 clock distribution circuit. It will take a differential external clock source as 
input and it has eight output SMA connectors to distribute the four differential 
clocks to all the PCBs. 
 
The delay circuits, SY10E195, have a typical maximum programmable delay 
range of 2.24 ns with 17.5 ps step size resolution (7-bits, 128 steps). This is only 
about one fourth of the system clock period of 8 ns (125 MHz). With that delay 
range it will not be possible to adjust the clocks to 90 degrees phase difference 
in all possible start cases. If all the four clocks are in the same phase before the 
delay circuits it is possible to adjust all the clocks to 90 degrees in between by 
inverting clock signal 3 and 4 and delay clock signal 2 and 4 by 2 ns.. That is 
done in my system, see figure 20. Else, 3/4th of a clock cycle (6 ns) would be 
the minimum required delay range. However, with only one delay element there 
is not much room for differences in the input clock phases. It would therefore be 
desirable to be able to adjust the clock delays more. At least one half of a clock 
cycle (4 ns). Then a lot more cases can be handled. Cascading two delay 
elements will give a delay range of 4.48 ns which is more than half the system 
clock period. Cascading will also make it possible to introduce a 90 degrees 
phase delay at lower frequencies than 125 MHz. A clock signal Down to about 
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56 MHz can be adjusted with two cascaded delay circuits. The delay circuit is 
designed with cascading in mind and a design solution for that case is included 
in the datasheet. However, the jitter of the delay circuits is not specified more 
than that it is less than 5 ps. Cascading two will then have a specified jitter of 
less than 10 ps but that may be too much. If so, the delay elements can be 
disconnected but there are no pins to use instead. Clock signal wires must then 
be attached directly to the PCB. The clock delays are programmed with the DIP-
switches SW1, SW2, SW3, SW4. To see how the switches are connected, see 
table of connectors and switches, Appendix B. 
 

 
Figure 20. Clock signals in the system. 

The ADC itself only contribute with (rms) jitter in the order of 0.25ps, so the 
jitter introduced by delay elements and frequency synthesizer can be over a 
hundred times larger. So clock jitter will probably degrade performance. How 
jitter degrades the SNR and ENOB can be seen in figure 6. 

5.3 Digital- and I/O-signal design issues. 
When it comes to the digital parts, impedance matching is not an important part 
of the design. Instead, the importances are in getting synchronization, signal 
levels and control signals correct. The first thing in the digital design is to decide 
the architecture to be used. I had some different choices for my system.  
 
My first track was to apply the estimation algorithm in real-time and then 
automatically correct for the errors. This would be done with an FPGA or a 
DSP-processor. But first, directly after the ADC some kind of RAM would be 
needed to store up a number of sampled data. To perform estimation during the 
sample period of a 125 MHz clock signal, high requirements would be needed 
on the DSP/FPGA. In fact, just making one single multiplication in higher speed 
than around 75 MHz requires a lot of effort by the designer and a very powerful 
DSP/FPGA. Pipelining stages are often needed to be introduced and some time-
critical paths may require manual design to meet the specifications. Using the 
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estimation algorithm would definitely require more than just one multiplication 
in 75MHz so this alternative is not a real option. Besides of that, this alternative 
also requires that the estimation can be calculated individually in every channel. 
 
It might though be possible to do the calculations in real-time. But to attain that, 
the time needed would be much longer than the time disposable for my project. 
When that was realized, I changed direction and instead looked for a solution 
with offline estimation in MATLAB. I found out that FIFOs and an I/O-card to 
manage the control signals and date would be a good solution. 
 
The FIFOs have a lot of control signals to take care of. Some of them are static 
and can only change during a master reset, while other signals change more 
frequently. Eight of the static FIFO signals have been connected to a DIP-switch 
due to lack of output ports from the I/O card. The I/O-card provides 32 input 
ports and 32 output ports. Without choosing to use a DIP-switch for some 
signals the number of output ports would not be enough. SW5 is the switch that 
handles these eight static FIFO signals. For the individual switch signals, see 
table of connectors and switches in Appendix B.  
 
The FIFOs uses 3.3V power supply, but all inputs are 5V TTL-level tolerant 
which means that they can be interfaced to 5V TTL-circuits. Though, the write 
clock signals (wclk) are taken directly from the delay circuits. The delay circuits 
only provide differential PECL outputs so to get a compatible signal I use the 
differential PECL-to-TTL translator circuit, SY10ELT23. The translator circuit 
has an internal delay of about 3.0 ns so when the clock arrives to the FIFO it is 
almost delayed one half clock cycle. 
 
There is also a problem to know in which one of the FIFOs the first sample is 
stored. It will depend on which ADC that is next to get the sample clock signal 
when the FIFOs get the write enable signal (wen). To solve that problem D flip-
flops are used to synchronize the write enable signal with the write clock signal. 
A schematic of how this is done is shown in figure 21. 
 
As can be seen, the TTL-signal from the I/O-card first needs to be translated to 
PECL before the D flip-flop, and then translated back to TTL level after 
synchronization. Also, write clock 4 is used to synchronize enable so that the 
first sample will be written to FIFO one when writing is enabled. 
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Figure 21. Synchronization of Write enable to certify right writing order to FIFO. 

The data word length to and from the FIFO can be selectable between 9-bits and 
18-bits. Because the ADCs produce 12-bits data, I will use 18-bits word length. 
Four of the remaining bits are then used to add additional information. Two bits 
give an individual number to each channel and two bits set an individual card 
number. See table of connectors and switches, Appendix B for additional 
information. The added data bits are stripped off before calculations of the error 
estimate. 
 
Data bits D0-D11 are used for the sampled data, D12 and D13 are used to add 
information about which of the channels the data comes from.  
Channel 1 sets [D13,D12] = 00, 
Channel 2 sets [D13,D12] = 01, 
Channel 3 sets [D13,D12] = 10, 
Channel 4 sets [D13,D12] = 11. 
 
SW8[2:1] sets the PCB ID in the same way when multiple boards are connected 
in parallel.  
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5.4 Layout and routing issues 
The layout issues mostly concern the placement of components. Most of the 
components are surface mounted. This also minimize the system’s area 
compared to hole mounted components because hole mounting requires a larger 
space on the board. Another purpose with putting effort into the layout is to 
reduce electromagnetic interference (EMI).  
 
Routing is another word for drawing wires and signal lines to connect all the 
components on the PCB. Routing can be made manually or by an automatic 
autorouter. Manual routing takes a lot of time but is sometimes needed when the 
signal paths are to complex for the autorouter. A human eye can often see a lot 
more possibilities to draw a single signal line while the autorouter seems to be 
stuck in an iteration algorithm that is unfeasible. When the signal paths are not 
too complex though, the autorouter is very much faster than a human. 
 
The board chosen for my system is made in the material FR4 that is a common 
PCB material. Six layers are available for routing on the board and the minimum 
isolation between signal wires is specified to 0.25 mm. To avoid tensions in the 
board as much as possible, symmetry is needed between the layers. To achieve 
that symmetry, layer 1, 3, 4 and 6 are used for signals and layer 2 and 5 are used 
for ground and power supply planes. 
 
Layout and routing schematics of my PCB are found in Appendix A. These 
drawings might be useful in order to understand the following description. 
 
The analog and digital parts of my system have different ground planes. This is 
because systems with higher resolution then about 8-bits require more isolation 
to reduce noise. In lower resolution systems, analog ground (AGND) and digital 
ground (DGND) is the same solid ground plane. Only careful layout with 
separation of the analog and digital parts may be good enough to prevent 
crosstalks. In higher resolution systems, AGND and DGND are separated into 
different ground planes in order to reduce noise induced by stray digital currents 
flowing across the analog ground region of the PCB. However, the analog and 
digital ground must be tied together at one point. Otherwise, any potential 
difference between the analog and digital ground may interfere with the ADC’s 
ability to communicate across its own internal analog-to-digital boundary. If the 
system grounds are tied together at more than one point there will be circulating 
currents between the analog and digital ground and that is spoiling the idea 
behind different grounds. It is recommended to have one independent AGND 
region with a connection to the DGND for every ADC, see figure 22. This will 
cause a dead end for stray currents and prevent them from going in [11]. Even 
though my system has four ADCs, I have chosen to connect AGND and DGND 
at just one point. 
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Figure 22. Multiple ADC grounding.[11] 

The recommended rule has not been applied on my system because of the four 
analog channels that need AGND connection and they are all coming from the 
same analog signal. Another thing to consider when ground planes are cut up is 
that signal wires must not be routed across the slots. This rule is used in my 
system as far as possible. More information about ADC grounding is found in 
[10, 11].  
 
To get a flow in the signal paths I start with placing the analog components so 
that the analog signal paths are clearly defined. The analog input connector is 
placed on the left side of the board to get an analog signal flow from left to right. 
Right after the connector the power splitter is placed. When placing the 
components, the intention has been to make as symmetrical channel paths as 
possible out from the power splitter. Though, in every channel there are pads to 
connect three surface mounted connectors (type SMT) for coaxial cables. These 
are put there to give the possibility to measure the signals in the channel but the 
connectors are also causing small stub lines that may affect the analog signal. 
For every channel one connector is placed right after the power splitter and the 
other two are placed near the differential signal paths after the differential 
amplifier. For measurement purposes a 4-pin header is connected to the Out-of-
Range output signal from the ADCs. These pins are intended to be used if the 
Out-of-Range signal is varying to fast to be indicated with the Light Emitting 
Diode (LED) that is connected to each ADC. 
 
The clock signal components have been placed so clock paths are going in the 
opposite direction of the analog paths. Connectors to connect an external 
differential clock are placed at the right side of the board and the frequency 
synthesizer and the clock driver is placed in the middle of the board. When 
doing the placement of the filter components to the frequency synthesizer it is 
very important to place them as close as possible to the power supply and loop 
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filter pins. The crystal oscillator is also mounted close to the circuit in order to 
avoid board parasitics and EMI as much as possible. The signal paths for the 
clocks are preferred to be symmetrical, but in my design they are not. Achieving 
that would have caused an even longer delay before PCB manufacturing. The 
routing program would then have more trouble routing the signal wires. 
However, all the differential clock pairs are routed together and the clock signal 
paths are equal in length so that clock skew is avoided. 
 
The delay circuits are placed quite close to the ADCs to get short clock paths 
after the delay. The delays are programmed with DIP-switches SW1, SW2, 
SW3, SW4 for delay 1, 2, 3 and 4 respectively. An 8-pin header connector is 
also provided on every channel so the delays can be programmed automatically 
by a computer. See table of connectors and switches in Appendix B for a list on 
how the individual switches are connected. 
 
The rest of the digital parts are placed to the right side of the board in an effort to 
minimize the disturbance on the analog channels. These circuits are the FIFOs, 
PECL/TTL translators, clock driving buffers, D- flip flops and 20-pin connectors 
to the I/O-card. In the lower left part of the board the driver for external clocks 
are placed. 
 
All the termination resistors for the signal lines are placed as close as possible to 
the load. The 1:2 buffer circuits are used in order to be able to terminate both 
signal lines when the clock signals are split up. Splitting the clock signals is 
made because the ADC’s sampling clocks and the FIFO’s write clocks use the 
same clock source.  
 
The decoupling capacitances are placed on the backside of the board with only a 
few exceptions. The power supply and ground connectors are all placed in the 
upper part of the board and so is the voltage regulator. 
 
The DIP-switches SW6 and SW7 controls the frequency. SW6[1:2]=N[0:1] and 
{SW6[8],SW7[1:8]}=M{8:0} 
Switch SW5 sets the following FIFO signals: 
SW5{1:8} = FIFO signals{IW, /SEN, OW, FSEL0, FSEL1, /BE, IP, PFM} 
And SW8 sets the PCB ID when multiple boards are connected in parallel. For 
more specific information on how to set these switches, see datasheets and table 
of connectors and switches in Appendix B. 
 
I have not had total control over the routing of my system because it was made 
by Saab Dynamics AB and not by me. We have had discussions about how the 
signal wires should be routed but it was much up to the autorouter to decide the 
final layout. Here follows the most important EMI and layout considerations that 
have been implemented in the system: 
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• All the analog channels are symmetrical and equal in wire length. 
• All differential pairs are kept together as much as possible. This will make 

the disturbances on the wires as equal as possible because they are 
affected by the same EMIs. 

• All the clock signal wires have equal lengths for every channel to avoid 
clock skew. 

• The analog signal wires and the clock signal wires are routed in the top 
layer almost everywhere. This avoids via holes that add extra inductances 
to the wires. Also, almost no signals are routed between the power supply 
plane (layer 5) and the ground plane (layer 2). This will reduce noise, 
crosstalks and other interferences from the power supplies. 

• The system has one ground plane (layer 2) that is split up into analog 
ground and digital ground. These are connected in one point by vias and a 
pad in the top layer. 

• The power supply plane (layer 5) is divided into three areas that provide 
different voltages. One part provides analog 5V (facing the analog ground 
plane), one provides digital 5V and one provides digital 3.3V (facing the 
digital ground plane). 

 
How all the signal wires are routed and how the power supply and ground planes 
are cut can be seen in Appendix A. 

5.5 Known changes 
This system is designed with circuits bought in the late fall of 2001 and all the 
mentioned numerical specifications for circuits are taken from the versions of 
the datasheets that were available then. The datasheet for the ADC has been 
changed since then. Many of the parameters are different from the ones that I 
have written in this report. The GAIN selection function on the ADC is one 
thing that is not available anymore. Instead of selecting between 1VP-P and 2VP-P 
input signal level, there signal is required to be 2VP-P. The selection pin is 
replaced by a ground pin. However, with my ADCs the function should be 
available. 

5.6 A Patch to the layout 
After the board was sent to the fabrication some minor errors were found in the 
schematics. These errors require some small corrections to the layout. The errors 
are not corrected in the schematic figures in Appendix A, below follows a 
description on how to make the corrections. 

• In two places the positive and negative signal in a differential pair needs 
to be switched. These signals are pin 1 and 2 at circuit D103 and circuit 
D104. Switch these signals by bending up the two pins and connect small, 
equally long wires that you cross couple.  
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• A PECL-to-TTL translation circuit has not been connected to the four 
write enable signals. This result in PECL signals interfacing TTL circuits. 
The TTL circuit will then always read the incoming signal as a one. To fix 
that problem, two dual translator circuits (SY10ELT23) must be 
connected in between pin 6 and 7 of circuits IC1, IC2, IC6, IC3 and pin 1 
of circuit D16, D15, D17, D18 (the FIFOs). Glue these two circuits where 
there is space available on the board and connect them with equally long 
wires. 
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6 MEASUREMENT 
When the PCB is manufactured and the system components are mounted it is 
time to test the system. There are many ways to test a system like this and there 
is a high probability that not everything will work as it was meant to. This 
chapter of the report gives a description of how to do this test and what to think 
about when the system does not behave as expected. A guide to help with the 
measurements is also provided. Tests and measurements will be done when the 
mounted board is available but it is not a part of this project. 

6.1 How to test the system 
One thing to remember during all the tests and measurements is to write 
documentation on everything you do. All parameters like clock frequency, input 
signal frequency and resistor values used (i.e. for termination) should be written 
down. Also all configurations of DIP-switches, pin connectors, measuring 
equipment etc. must be documented in order to be able to recreate a specific 
measurement. 
 
The first thing to test is the power supply to the circuits. Connect all the power 
supply connectors and ensure yourself that all circuits get the expected power. 
To see how to connect the power supply connectors, check out table of 
connectors and switches, Appendix B. If all the circuits have the right power 
supply then signal measurements can be started.  
 
To calculate a good estimation, about 100 000 samples per channel are needed. 
The FIFOs can store a sample burst of 8192 samples each which requires at least 
13 bursts for one estimation. It does not matter for the estimation if the samples 
are taken in bursts instead of taken continuously. That is of course because it is 
an estimation method. Below follow suggestions on what to test and measure.  
 

• First ensure that the clock frequency is the desired. This can be measured 
at the TEST connector P29 at the bottom of the board (TTL-levels). For 
instructions on how to set the signals SCLK, SLOAD and SDATA in 
order to get the right output, see datasheet of frequency synthesizer. [31] 

 
• The frequency range that can be handled by the delay element (to get 90 

degrees phase shift) is 56 MHz – 125 MHz. For lower frequencies, the 
delay element will not be able to delay 1/4th of a clock cycle.  

 
• Measure the bandwidth of the system. Does it manage to sample at 

500MHz? What is the maximum analog input signal frequency? (And 
3dB bandwidth?) 
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• Measure the gain of the signal into the ADCs. Is it the right signal level at 
the input? 

 
• Test if the clock phases are equal without a delay. It can be done with as 

low speed as 25 MHz. That is the minimum frequency that can be 
generated. Try several different frequencies and measure the skew both 
between the clocks and between the differential signals within the clocks. 
This shows how well the wire lengths are designed. The measure can be 
made on the eight pin connectors attached to the clock signals. 

 
• The Analog signal also needs to be tested. Try to set the delay elements so 

that all ADC sample at the same time. Then read out each FIFO and 
compare the values to see how different the channels are in gain and 
phase. Theoretically all the samples should be equal because the ADCs 
should sample concurrently. The analog signal can also be measured with 
an SMT connector at each analog channel. 

  
• Add a theoretical delay of 90 degrees on clock signal 2 and 4 and measure 

how much the actual delay is. Use the surface mounted small coaxial 
connectors for this. The clock frequency must now be at least 56 MHz 
(4*4.48 ns = about 17.9 ns clock period). Then calculate the estimated 
timing errors in MATLAB and see how accurate it is.  

 
• Try different clock frequencies (above 56 MHz) and check how large the 

error must be if it should be worth calculating estimations without having 
the jitter dominating too much. 

 
• Try also changing the delays according to the estimated errors. See how 

much better the signal is. Use the algorithm again to improve the error 
estimation even further if possible. 

 
• Try to measure which components that add the highest error to the analog 

signal. How much of the errors in sampled signal are coming from the 
differential amplifiers and power splitter and how much is coming from 
the ADC itself? What things can make the whole system not working?  

 
• Also try to measure how much aperture jitter that the frequency 

synthesizer and the delay circuits add to the clock signal. A suggestion on 
how to measure and calculate aperture jitter can be read in [12]. 

 
• According to the measures how the circuits noise affect the sampled 

signal, try to decide what components that should be replaced first in the 
next version of the system. 
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6.2 What parameters to compare? 
To make a comparison of my system with the MAX 108 evaluation board, some 
dynamic performance needs to be measured. 
 
These dynamic parameters should be measured for the whole system. Suppose 
that the individual components have the dynamic performance specified in the 
datasheets. Measure the SNR, SNDR (Signal-to-Noise and Distortion Ratio), 
SFDR and ENOB for several frequencies between 56 MHz – 125 MHz to get a 
picture of how good the dynamic performance is for the system. [12, 15] gives a 
suggestion on how to perform the actual measurements of these parameters. 
 
Measure the resolution bandwidth (RBW) for the system. This is done by 
sweeping the input frequency from zero to infinity and plot the SNDR. This 
RBW could be compared with RBW for other systems, I.e. MAX 108. Do the 
same sweep and plot SFDR to se if noise or distortion is dominating in the 
system. If the SFDR plot is close to the SNDR the distortion is dominating and 
if SFDR is far below SNDR noise is dominating.  
 
Another thing that could be of interest to check is how much an increased 
bandwidth degrades the systems resolution (ENOB). Measure ENOB for a 
single ADC at some selected frequencies and compare with ENOB for the whole 
system at frequencies up to the maximum bandwidth. 
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7 SUMMARY AND FUTURE IMPROVEMENTS 
This chapter is a summary of this master thesis project. It gives a brief overview 
on how the system was designed and the things that have been achieved. 
 
When this project was set up in the late fall 2001 the only thing that was 
specified was that a “state-of-the-art” sampling system should be designed and 
at least four parallel ADC should be used. It has now ended up with a 12-bits 
500 Ms/s sampling system on a printed circuit board, see figure 23. Some 
specifications for the system can be seen in table 1. 
 
About one month after the project started, my picture of the sampling system 
was quite clear. I had made a large research of the circuit market and had found 
some limits of how good a system could be with available circuits. 
 
Using ADCs in parallel to get a time interleaved system is not a new approach in 
data acquisition. The new thing is to use the system with the timing error 
correction algorithm and see how the performance of the system can be 
improved. It is also of interest to see how good the system is compared to a 
single high-speed flash ADC. (MAX 108 with 8-bits resolution and 1.5 Gs/s is 
suggested to compare with.) 
 
The system design phase gave me a lot of new experiences in the electronic 
design field. To split up the system to smaller subsystem and find components 
for these can be much harder than expected. Components with a very low 
random jitter are hard to find. The circuit I use to synthesize the clock has a jitter 
of +/-25 ps. That is the smallest aperture jitter I have found for a programmable 
frequency circuit. I have though seen clock circuits with a jitter around 5 ps but 
then the circuit has fixed frequency. 
 
It has also been hard to decide how the ground planes should be treated in a 
systematic way. I have chosen to split the ground into one analog and one digital 
plane that I have connected in one point to avoid stray currents. That was the 
best solution with reference to the articles on the subject. 
 
I have learned a lot from my colleagues and supervisors during this design. 
Many things can not be learned at a university and practicing electronic design is 
the only way to get this knowledge. I.e. being a part of the whole design phase 
of a PCB gives an insight in how complex a system is. Even if it is a very simple 
system, there are a lot of things to consider to be able to fabricate a PCB. Circuit 
Symbols for the schematic program needs to be created, a lot of circuit 
datasheets needs to be read through and you must have a lot of knowledge in the 
CAE programs you use for the design. And even if all these things are fulfilled 



Design of a parallel A/D converter system on PCB – For high-speed sampling and timing error correction. 

 48

there is a large probability that some small error have slipped into the design and 
that the design schedule will be delayed. No designer is perfect. 
 
There are many possibilities to develop this sampling system further. The 
components available on the shelf will become better and better and then it will 
be easier to design a system with better performance than this. The first thing I 
think should be done is to replace the frequency synthesizer and the delay 
circuits as they are causing the highest jitter on the clock signal. Finding better 
circuits than I have found will increase performance quite a lot. Finding a faster 
ADC with at least 12-bits is also of high priority. Analog Devices model called 
AD9430 might be a good candidate. 
 
Other ways to improve the system can be to route the clock signal wires much 
more symmetrically and to try to avoid zigzag routing as it causes high 
inductances. Replacing the DIP-switches with pins controlled by a computer will 
also give a higher flexibility in the system.  
 
The goal is of course to design a sampling system with infinite bandwidth and 
resolution. 
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Figur 23. Picture of the mounted system on PCB. 
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8 GLOSSARY 
ADC – See Analog-to-Digital Converter. 
 
Aliasing – When a sampled signal has a frequency higher than the Nyquist 
frequency (fS/2), the frequency band above Nyquist will be aliased (“folded”) to 
other frequencies both below and above Nyquist. 
 
Analog-to-Digital Converter – A device that converts analog (time-continuous) 
signals to a digital (time-discrete) value. 
 
Aperture delay – The delay in time from when the user requests the analog 
input signal to be sampled and the actual time when it occurs. 
 
Aperture jitter – the amount of variance in the aperture delay. Typically much 
smaller than the value of the aperture delay. 
 
Clock Jitter – the amount of variance in the clock edge from its theoretical 
value, see figure 10. 
  
Crosstalk – How much one signal affects another only by electromagnetic 
interference. 
 
dB – decibel, a unit that measure the relative amplitudes in a logarithmic scale. 
For voltages dB is given by 20*log(Va/Vb) and for power values, it is 
10*log(Pa/Pb) 
 
dBc – The decibel unit referenced to a carrier signal. 
 
dBm – The decibel referenced to 1mW (50 Ω load). 
 
DNL error – Differential Nonlinearity error, see chapter 2.4. 
 
Dynamic range – The range of signal amplitudes an ADC can handle, 
expressed in decibels. Dynamic range is important to consider in places where 
the signal strengths vary dramatically. 
 
Effective number of bits – The measured performance, in bits, of an ADC with 
respect to input frequency fIN. When fIN increases, the noise also increases and 
reducing the ENOB.  
 
ENOB – Effective Number of Bits 
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FIFO – Fist In First Out memory. A non-addressable memory. Just write data 
and read out in the same order. 
 
INL error – Integral Nonlinearity error, see chapter 2.4. 
 
IP3 – Third order Intercept Point. Defines the input level (IIP3) for which the 
energy in third-order intermodulation term is equal to energy for the desired 
output signal. For input levels beyond that, third-order intermodulation will 
dominate. 
 
Nyquist frequency – The maximum signal frequency that can be applied to an 
ADC without getting aliasing effects. It is defined as the sample frequency 
divided by two, fS/2. 
 
PLL – Phase Locked Loop, an electronic circuit that provides a very stable high 
frequency signal source. Typically, to achieve this stability, a very accurate 
(parts per million or parts per billion) crystal source with relatively low 
frequency is used.  
 
Residual error – The quantization error expressed in dBm. De difference 
between the sampled digital value and the actual value. 
 
Resolution – The number of bits that are used to represent a digitized analog 
signal defines the resolution. 
 
Resolution Bandwidth (RBW) – Can be seen by sweeping a sampling system’s 
input frequency from zero to infinity and plot the SNDR. 
 
rms – see Root mean square. 
 
Root mean square (rms) – The effective value that an AC signal represents. 
For a sine wave, the rms is √2 ∗ peak value. 
 
SFDR – see Spurios Free Dynamic Range. 
 
SNDR – Signal-to-noise and distortion ratio. 
 
SNR – see Signal-to-Noise Ratio 
 
Spurios Free Dynamic Range – The ratio of the rms value of an input sine 
wave to the rms value of the peak spur observed in the frequency domain. SFDR 
is important in certain communication applications that require maximizing the 
dynamic range of the converter 
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Signal-to-Noise and Distortion Ratio –  The rms value of an input sine wave 
divided by the rms value of the noise of the converter from DC to Nyquist 
frequency. Noise from DC and harmonics distortion should this time be included  
 
Signal-to-Noise Ratio – The rms value of an input sine wave divided by the rms 
value of the noise of the converter from DC to Nyquist frequency. Noise from 
DC and harmonics distortion should be excluded. SNR is expressed in decibels. 
 
Undersampling – when the sampling rate of the ADC is lower than twice the 
frequency (called the Nyquist frequency) of the sampled input signal. This 
causes aliasing. 
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10 APPENDIX A – SYSTEM SCHEMATICS AND 
LAYOUT 

 
Front side layout of the routed PCB. Signal wires and circuits can be seen.  
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Front side of the PCB. Reference number of where to mount all components. 
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Backside of the PCB. Reference number of where to mount all components. 
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Power supply planes. +5V Analog power supply plane, (UP5VA), +5V and 
+3.3V Digital power supply plane (UP5VD and UP3V3D). 
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Ground planes. Analog ground plane (AGND) and digital ground plane 
(DGND).  
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Block diagram of the whole sampling system. 
 
On the following pages are the schematics of one channel and some other 
circuits. 
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Above. The Power splitter. 
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The Differential Amplifier. 
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The Analog-to-digital converter. 
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Frequency synthesizer, clock driver and voltage regulator. 
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External clock driver and a power supply EMI filter. 
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The cascaded Delay circuits. 
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PECL-to-TTL circuits and D Flip-flops for write enable and write clock signals. 
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The FIFO. 
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11 APPENDIX B - TABLE OF CONNECTORS AND 
SWITCHES 

Table of Connectors and Switches 
1 CT 0 CT 0 CT 0 CT 0
2 CT 1 CT 1 CT 1 CT 1
3 CT 2 CT 2 CT 2 CT 2
4 CT 3 CT 3 CT 3 CT 3
5 CT 4 CT 4 CT 4 CT 4
6 CT 5 CT 5 CT 5 CT 5
7 CT 6 CT 6 CT 6 CT 6
8 10 D 10 D 10 D 10 D

CTx is the bits that sets the delay. 10 D is the cascade signal.

Pin SW6 SW7 SW8
1 N 0 M 7 Card ID 
2 N 1 M 6 Card ID 
3 - M 5 -
4 - M 4 -
5 - M 3 -
6 - M 2 -
7 - M 1 -
8 M 8 M 0 -

The values for N and M are determined by 
the equations in chapter "clock design issues"

Pin SW5 Default Value
1 IW 0
2 /SEN 1
3 OW 0
4 FSEL 0 0
5 FSEL 1 0
6 /BE 0
7 IP 1
8 PFM 1

These are the switch settings for the FIFOs

Pin P26
1 OR_1
2 OR_2
3 OR_3
4 OR_4

Out of Range from the ADC's outputs
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SMA connectors
P30 +5V Digital power supply
P32 +5V Analog power supply
P33 Digital Ground (DGND)
P34 Analog Ground (AGND)
P35 +3.3V Digital power supply

P1 Analog Input Signal
P29 TEST output signal from Frequency synthesizer
P27 External differential clock signal. Positive.
P28 External differential clock signal. Negative.

P41 Input to external clock driver. Positive.
P42 Input to external clock driver. Negative.

P43 External Output Clk1. Positive.
P44 External Output Clk1. Negative.
P45 External Output Clk2. Positive.
P46 External Output Clk2. Negative.
P47 External Output Clk3. Positive.
P48 External Output Clk3. Negative.
P49 External Output Clk4. Positive.
P50 External Output Clk4. Negative.

Pin connectors
Pin P36 P37 P38 P40 P39

1 D0 FF/IR 1 RCLK 1 EN_INV RCLK 1,2,3,4
2 D1 PAF 1 RCLK2 EN -
3 D2 PAE 1 RCLK3 D_FORMAT -
4 D3 EF/OR 1 RCLK4 LATCH_EN -
5 D4 FF/IR 2 /OE 1 RANGE -
6 D5 PAF 2 /OE 2 SFDR -
7 D6 PAE 2 /OE 3 CLK_ENABLE -
8 D7 EF/OR 2 /OE 4 SCLK -
9 D8 FF/IR 3 /WEN SLOAD -

10 D9 PAF 3 /PRS SDATA -
11 D10 PAE 3 /MRS - -
12 D11 EF/OR 3 /LD - -
13 D12 (A/D ID) FF/IR 4 FWFT - -
14 D13 (A/D ID) PAF 4 RM - -
15 D14 (Card ID) PAE 4 /REN - -
16 D15 (Card ID) EF/OR 4 /RT - -
17 DGND DGND DGND DGND DGND
18 DGND DGND DGND DGND DGND
19 - - - - -
20 - - - - -

Pin connectors to the I/O-card  



APPENDIX C - TABLE OF COMPONENTS 

 75 

12 APPENDIX C - TABLE OF COMPONENTS  

12.1 Table of circuits 
Cirucits Used In My System
ADC Model Resolution DNL INL Power dis.[W] Samplerate Power supply BW
Analog Devices AD9433 12 bits +/-0.25 lsb +/-0.5 lsb 1,35 125 Ms/s 5V analog, 3.3V digital 750 MHz
Differential Amplifier Model Bandwidth Gain Supply current Noise Figure,dB Single supply In-/Output Impedance
Analog Devices AD8350 1 GHz 15 or 20dB 28mA (typ) 5.6 or 6.8@150MHz5V to 10V 200 Ohm
Power Splitter Model Freq. Band Isolation,dB Ins.loss,dB Phase unbalance Ampl.unbalance Input impedance
Minicircuits PSC-4-5 1 - 800 MHz >25 (typ) 1.3 (typ) 5 degrees (typ) 0.6 dB 50 Ohm
Delay line Model Resolution Max delay Jitter Supply current Supply fc max
Micrel SY10E195 20ps 2ns <5ps 130 mA -4.2 to -5.5 >1 GHz
Frequecy Synthesizer Model Jitter Interface Crystal Frequency
Micrel SY89429V +/-25ps PECL 3.3V,5V 16MHz 25 MHz - 400 MHz
D Flip flop Model Frequency Propagation delay Power supply
Micrel SY10EP51V >3 GHz (typ) 320ps 3.3V or 5V
FIFO Model Size Frequency Supply Voltage Input signal
IDT IDT72V263 8,192 x18 bits max 133 MHz 3,3 V (TTL) 5V tolerant (TTL) 
Differential clock driver Model No. Of Drivers Logic Skew
Micrel SY10EL15 1:4 PECL 50 ps
PECL-to-TTL translator Model Power supply Propagation delay
Micrel SY10ELT23 5V 3.0ns (typ)
TTL-to-PECL translator Model Power supply Propagation delay
Micrel SY10ELT22 5V 300ps (typ)
1:2 differential buffer Model Power supply Propagation delay
Micrel SY10EL11V 3.3V or 5V 265ps (typ)
 

12.2 Bill of Materials 
On the next pages follows a bill of materials to the PCB and a reference no. to the schematics. 
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ITEM_NUMBER COMPANY PART NO. GEOMETRY COUNT DESCRIPTION REFERENCE 
            
1 3500269004 co04stlr 1 4-pin P26 
2 3500269008 co08stlr 5 8-pin P10 P11 P12 P25 
          P31 
3 3500269199 co10x2stlr 5 2x10-pin P36 P37 P38 P39 
          P40 

4 6121133-214 to220l-123 1 Voltage Regulator N5 
5 6121133186 0805 27 0 Ohm Resistor  R21 R42 R43 
          R51 R52 R96 R97 
          R118 R119 R140 
          R141 R162 R163 
          R164 R165 R166 
          R167 R168 R169 
          R170 R171 
          R192 R193 R194 
          R195 R204 R205 
      4 Mount 1 of these 4 R183 R184 R185 R186 
      8 Do NOT Mount! R44 R180 R181 R182 
        Do NOT Mount! R196 R197 R198 R199 
6 6121133189 0805 2 Do NOT Mount (0 Ohm) R206 R207 
7 6121133190 coaxsmav 14 SMA connector P1 P27 P28 P29 P41 
          P42 P43 P44 P45 
          P46 P47 P48 P49 
          P50 

8 6121133295 led_a 4 LED D10 D12 D13 D14 
9 6121136273 banv2 5 Power supply connector P30 P32 P33 P34 
          P35 

10 6121136275 coaxsmtr 20  SMT P2 P3 P4 P5 P6 P7 
        coaxial connector P8 P9 P13 P14 P15 
        Mount if components  P16 P17 P18 P19 
        are available P20 P21 P22 P23 
          P24 

11   1210 3 EMI filter BLM21A102 L1 L3 L4 
      1 EMI filter BLM31P500S L2 
  6121133186   8 ATTENTION!! L5 L6 L7 L8 L9 L10 L11 
        0 Ohm Resistor  L12 

12 6121138054 r-pdso-g008-acaa 4 PECL-to-TTL 
IC4 IC5 + 2 extra 
(patch) 

13 6121138055 r-pdso-g008-acaa 3 TTL-to-PECL IC7 IC8 IC10 
14 6121141173 r-pdip-g016-3baa 8 DIP-switch SW1 SW2 SW3 SW4 
        Surface mounted SW5 SW6 SW7 SW8 

15 6121143117 r-pdso-g008-acaa 4 Clock buffer circuit D101 D102 D103 
          D104 

16 6121143300 0805 121 0.1 uF Capacitor C1 C2 C3 C4 C5 C6 
          C7 C8 C9 C10 C11 
          C12 C13 C14 C15 
          C16 C17 C18 C19 
          C20 C21 C22 C23 
          C24 C25 C26 C27 
          C28 C29 C30 C31 
          C32 C33 C34 C35 
          C36 C37 C38 C39 
          C40 C41 C42 C43 
          C44 C45 C46 C47 
          C48 C49 C50 C51 
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          C52 C53 C54 C55 
          C56 C57 C58 C59 
          C60 C61 C62 C63 
          C64 C65 C66 C67 
          C68 C69 C70 C71 
          C72 C73 C74 C75 
          C76 C77 C78 C79 
          C80 C81 C82 C83 
          C84 C85 C86 C87 
          C88 C89 C90 C91 
          C92 C93 C94 C95 
          C96 C97 C98 C99 
          C100 C101 C102 
          C103 C104 C105 
          C106 C107 C108 
          C109 C110 C111 
          C112 C113 C114 
          C115 C116 C117 
          C118 C119 C120 
          C162 

17 6121145379 s-pqfp-g080-0faa 4 FIFO D15 D16 D17 D18 
18 6121145380 r-pdso-g008-dfaa 4 Differential amplifier N1 N2 N3 N4 
19 6121145381 s-pqcc-j028-0caa 8 Delay circuit D1 D2 D3 D4 D5 D6 
          D7 D8 

20 6121145382 r-pdso-g028-3caa 1 Frequency Synthesizer D19 
21 6121145385 r-pdso-g016-acaa 2 Clock Driver 1:4 D9 D22 
22 6121145388 psc-4 1 Power Splitter 1:4 D11 
23   0805 1 150 nF Capacitor C143 
      5 220 nF Capacitor C144 C145 C146 
          C147 C148 
      4 Do NOT Mount! C149 C150 C151 C152 

24 6121153025 0805 28 1 nF Capacitor C121 C122 C123 
          C124 C125 C126 
          C127 C128 C129 
          C130 C131 C132 
          C133 C134 C135 
          C136 C137 C138 
          C139 C140 C154 
          C155 C156 C157 
          C158 C159 C160 
          C161 

25 6121153031 0805 1 3.3 nF Capacitor C141 
26 6121153048 1206 1 100 nF Capacitor C142 
27 6121153073 tanc 1 Tantal Capacitor 10 uF C153 
28 6121154017 0805 2 14.7 Ohm Resistor R47 R49 
29 6121154069 0805 16 51.1 Ohm Resistor R34 R35 R36 R37 
          R38 R39 R40 R41 
          R53 R54 R55 R56 
          R57 R58 R59 R60 

30 6121154081 0805 1 68.1 Ohm Resistor R62 
31 6121154089 0805 6 82.5 Ohm Resistor R4 R9 R14 R19 R45 
          R46 

32   0805 8 20 Ohm resistor R1 R2 R6 R7 
          R11 R12 R16 R17 

     4 17.8 Ohm Resistor R3 R8 R13 R18 
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      4 90.9 Ohm Resistor R5 R10 R15 R20 
      1 150 Ohm Resistor R22 
      8 200 Ohm Resistor R64 R65 R67 R68 
          R70 R71 R73 R74 
      4 Do NOT Mount! R66 R69 R72 R75 

33 6121155001 0805 37 100 Ohm Resistor R63 R84 R85 R86 
          R87 R88 R89 R90 
          R91 R106 R107 R108 
          R109 R110 R111 
          R112 R113 R128 
          R129 R130 R131 
          R132 R133 R134 
          R135 R150 R151 
          R152 R153 R154 
          R155 R156 R157 
          R200 R201 R202 
          R203 

34 6121155005 0805 10 110 Ohm Resistor R48 R50 R92 R93 
          R114 R115 R136 
          R137 R158 R159 

35 6121155009 0805 1 121 Ohm Resistor R61 
36 6121155069 0805 32 511 Ohm Resistor R94 R95 R116 R117 
          R138 R139 R160 
          R161 R210 R211 
          R212 R213 R214 
          R215 R216 R217 
          R218 R219 R220 
          R221 R222 R223 
          R224 R225 R226 
          R227 R228 R229 
          R230 R231 R232 
          R233 

37 6121156065 0805 53 4.64 kOhm Resistor R23 R24 R25 R26 
          R27 R28 R29 R30 
          R31 R32 R33 R76 
          R77 R78 R79 R80 
          R81 R82 R83 R98 
          R99 R100 R101 R102 
          R103 R104 R105 
          R120 R121 R122 
          R123 R124 R125 
          R126 R127 R142 
          R143 R144 R145 
          R146 R147 R148 
          R149 R172 R173 
          R174 R175 R176 
          R177 R178 R179 
          R188 R189 

38 AD9433BST 
AD9433BST-UB-

SMD 4 AD Converter AD_01 AD_02 AD_03 
          AD_04 

39   
MC100EP5D-UB-

SMD 5 D Flip-Flop IC1 IC2 IC3 IC6 
          IC9 

40   XTAL4B 1 16 MHz CRYSTAL B1 
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13 APPENDIX D – THE ESTIMATION ALGORITHM 

13.1 Timing error estimation algorithm implemented in 
MATLAB 

These MATLAB files are implemented by Ph.D Student Jonas Elbornsson, 
Department of Electrical Engineering, Linköping University. He has developed 
the error estimation algorithm. The code is written “as is” with no comments or 
changes by me. 
 

13.2 The error estimation algorithm 
function ti_hat=time_est(y2,M,disp_res,lam_est,filt_order,lambda_e,nr_iter) 
%syntax ti_hat=time_est(y2,M,disp_res,lam_est,filt_order,lambda_e,nr_iter) 
%y2= input signal 
%M=number of ADCs 
%disp_res= 1:plot the estimates (default) 0:no plot 
%lam_est= 1:estimate noise 0: no noise estimation (default) 
%filt_order= noise estimation filter order (only applicable if lam_est=1) 
%lambda_e=known noise variance (default 0) (only applicable if lam_est=0) 
%nr_iter=number of iterations (default 5) 
%usually only the 2 first argument need to be assigned 
   
 
if nargin<7 
  nr_iter=5; 
end; 
if nargin<6 
  lambda_e=0; 
end; 
if nargin<5 
  filt_order=150; 
end; 
if nargin<4 
  lam_est=0; 
end; 
if nargin<3 
  disp_res=1; 
end; 
 
N=length(y2)/M; 
 
%The sampling interval 
Ts=1; 
 
%generate the the sampled data 
y=reshape(y2,M,N); 
 
%if lam_est~=0 
%  %estimate lambda!! 
%  filt_order=60; 
%  nr_samp=ceil(filt_order/M); 
%  y_reg=zeros(N-nr_samp,filt_order-1); 
%  for ind=1:M 
%    for ind2=1:filt_order-1 
%      y_reg(:,ind2)=y(mod(ind-ind2-1,M)+1,nr_samp-floor((ind2-ind)/M):end-
floor((ind2-ind)/M)-1)'; 
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%    end; 
%    th=arx([y(ind,nr_samp+1:end)' y_reg],[0 ones(1,filt_order-1) ... 
%      zeros(1,filt_order-1)]); 
%    [dum1,dum2,lam(ind)]=th2par(th); 
%    lam 
%  end; 
%  lambda_e=mean(lam); 
%end; 
 
if lam_est~=0 
  %filt_order=200; 
  nr_samp=ceil(filt_order/M); 
  cycle_len=10000; 
  y_reg=zeros(cycle_len,filt_order-1); 
  for ind=1:M 
    R=0; 
    f=0; 
    for ind3=1:floor(N/cycle_len)-1 
      for ind2=1:filt_order-1 
 y_reg(1:cycle_len,ind2)=y(mod(ind-ind2-1,M)+1,(ind3-1)*cycle_len+ ... 
        nr_samp-floor((ind2-ind)/M):- ... 
        floor((ind2-ind)/M)+ind3*cycle_len+nr_samp-1)'; 
      end; 
      R=R+y_reg'*y_reg; 
      f=f+y_reg'*y(ind,(ind3-1)*cycle_len+nr_samp+1:ind3*cycle_len+ ... 
        nr_samp)'; 
    end; 
    thhat=R\f; 
    V=0; 
    for ind3=1:floor(N/cycle_len)-1 
      for ind2=1:filt_order-1 
       y_reg(1:cycle_len,ind2)=y(mod(ind-ind2-1,M)+1,(ind3-
1)*cycle_len+ ... 
        nr_samp-floor((ind2-ind)/M):- ... 
        floor((ind2-ind)/M)+ind3*cycle_len+nr_samp-1)'; 
      end; 
      V=V+sum((y(ind,(ind3-1)*cycle_len+nr_samp+1:ind3*cycle_len+nr_samp)'-
y_reg*thhat).^2); 
    end; 
    lam(ind)=V/((floor(N/cycle_len)-1)*cycle_len); 
  end; 
  lambda_e=mean(lam); 
  lambda_e 
end; 
 
%calculate the mean squared derivative approx. 
mean_diff=mean((diff(y2)).^2)-2*lambda_e; 
%calculate the mean square difference for each ADC 
d_y(1)=0; 
for ind=2:M 
  d_y(ind)=mean((y(ind,:)-y(ind-1,:)).^2)-2*lambda_e; 
end; 
%avoid negative square diff 
d_y_min=min(d_y); 
d_y=d_y-d_y_min; 
mean_diff=mean_diff-d_y_min; 
 
 
%calculate the raw estimates 
ti_hat_tmp=sqrt(d_y/mean_diff)-1; 
ti_hat(1)=0; 
ti_hat(2:M)=cumsum(ti_hat_tmp(2:M)); 
%improve the estimate with the estimated time offsets 
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for ind=1:nr_iter 
  mean_diff_tmp=mean_diff/(1+2/M*sum(ti_hat.^2)-2/M*sum(ti_hat.*ti_hat([M 
... 
      1:M-1]))); 
  ti_hat_tmp=sqrt(d_y/mean_diff_tmp)-1; 
  ti_hat(1)=0; 
  ti_hat(2:M)=cumsum(ti_hat_tmp(2:M)); 
end; 
 
%plot the result 
if disp_res==1 
  figure(1) 
%  plot(ti,'o') 
%  hold on 
  plot(ti_hat,'rx') 
%  legend('actual time offsets','estimated time offsets') 
%  hold off 
end; 

 

13.3 Interpolation calculation and plotting of the 
estimation 

function z=interpolation(y,ti) 
 
%syntax: z=interpolation(y,ti) 
%interpolates between samples with given timeoffsets ti 
 
 
M=length(ti); 
N=length(y); 
N00=N/M; 
delta=ti; 
 
x=reshape(y,M,N/M); 
 
ti=ti-mean(ti); 
for ind=1:M 
  alpha(ind)=-(M-1)/2+ind-1+ti(ind); 
end 
t_tmp=M:M:N; 
z=zeros(size(y)); 
for ind=1:N 
  t=ind-t_tmp; 
  for ind2=1:M 
    ytmp=y_gen(t,ind2,M,alpha); 
    z(ind)=z(ind)+sum(x(ind2,:).*ytmp); 
  end 
end 
z=real(z); 
 
function y=y_gen(t,ind,M,alpha) 
   
c=2*pi/M; 
tmp=dec2bin(0:2^(M-1)-1); 
alpha_tmp=[alpha(1:ind-1) alpha(ind+1:end)]; 
num=zeros(size(t)); 
for ind2=1:2^(M-1) 
  alpha_coeff=str2num(tmp(ind2,:)')'; 
  num=num+exp(i*c*((M/2-1)*alpha(ind)+sum(alpha_coeff.*alpha_tmp)+(M/2-
sum(alpha_coeff))*t)).*(1-exp(i*c*(alpha(ind)-t)))*(-
i)*exp(i*pi*sum(alpha_coeff)); 
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end 
den1=c*(t-alpha(ind)); 
den2=0; 
for ind2=0:M-1 
  for ind3=1:2^(M-1)%prod(1:M-1)/(prod(1:M-1-ind2)*prod(1:ind2)) 
    alpha_coeff=str2num(tmp(ind3,:)')'; 
    if sum(alpha_coeff)+ind2==M-1 
      den2=den2+exp(i*(ind2-
1)*pi)*exp(i*c*(ind2*alpha(ind)+sum(alpha_coeff.*alpha_tmp))); 
    end 
  end 
end 
y=num./(den1*den2); 
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