
1



2



3



4



5



6



7



8



9



10



11



•Clock skew is a relative, fixed delay between two or more clock signals.
•It becomes relevant in systems that require fixed relationships between 
clocks.

•Examples are designs that use multiple ADCs to capture data, or in 
synchronous data clocking.

The ADC applications tend to fall into two categories:•The ADC applications tend to fall into two categories:
•Interleaved ADC sampling for the purpose of achieving higher 
sample rates AND higher resolution (test and measurement, 
instrumentation)
•Parallel multiple event capture (medical imaging, instrumentation, 
test & measurement)

•Interleaved sampling systems are used when off-the-shelf ADCs offer the 
required resolution but not the required sampling rate.

•These systems use multiple ADCs clocked at the same rate. The 
effective increase in sample rate is achieved by a round-robin 
sampling scheme.
•The timing diagram shows the ideal relationship between the clocks.
•Each ADC runs at a rate of Fs. However, by staggering the clock 
phase between ADCs, the effective sampling rate becomes M * Fs, 
M= number of ADCs.
•The ADC sample streams can be multiplexed into a single sample 
stream if needed



This plot shows a sinusoid along with the error component due to skew.
•If we could subtract the sampled signal with skew (green trace) from the 
ideal signal, 
we would be left with the error signal (noise) due to clock skew, illustrated by 
the blue trace in the plot shown above.

Note that the error reaches a maximum where the signal slope is maximum•Note that the error reaches a maximum where the signal slope is maximum, 
and vice versa.

•How is this manifested in the frequency domain?



•This plot shows that spurs are generated when clock skew is present.
•The spur frequencies (blue traces) are determined by the frequency 
of the input signal and the number of ADC channels.
•The spur amplitudes are determined by the frequency of the input 
signal and the relative values of the skew.
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Consider the three plots above.

The center plot represents a trapezoidal pulse (perhaps as captured on an 
oscilloscope).  It is a continuous waveform (i.e. for each position in time on 
the horizontal axis there is a corresponding voltage on the horizontal axis).  

The Black dots represent ideal sample points and these points areThe Black dots represent ideal sample points and these points are 
transposed to the plot on the top.  The original waveform can be determined 
by connecting the points.

Superimposed over the center plot are regions which represent a possible 
location of a sampling point if there is jitter on the sample clock.  While the 
top plot contains points hich appear in the e act center of these regionstop plot contains points which appear in the exact center of these regions, 
the actual sample point can appear randomly anywhere in the region.  Some 
possible sample points are show as red dots on the center plot.  These 
values are transposed to the plot on the bottom.  Notice the value recorded 
is not the correct voltage level because it is sampled at the incorrect 
location.  It is transposed to the point in time in which the sample was ideally 
to be taken (in the center of the sampling region).  This results in the signal ( p g g ) g
being distorted as shown by the red trace on the bottom plot.











•Conventionally, the power spectral density (PSD) of the phase noise 
spectrum is specified in units of dBc/Hz.
•At a particular offset frequency (f1), the spectrum analyzer measures the 
power in a 1 Hz bandwidth. Call this power Pf1 Watts.
•To convert this to dBc, we take 10 times the log of the ratio of the carrier 
power (in Watts) to the phase noise power (in Watts):

•PdB = 10*log(P i /Pf1)PdBc  10 log(Pcarrier/Pf1)
•By normalizing the phase noise power in this way, we can compare different 
oscillators without being concerned about the absolute power level of the 
oscillator.
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The slide above shows the derivation of theoretical data converter SNR 
(Signal to Noise Ratio) due to jitter.  It provides the following insight:

1. The frequency of the sample clock is not a factor.
2. The sample frequency of the data converter is not a direct factor, the input 

bandwidth of the data converter is (fmax).
3 The jitter value (tj) in Equation (6) represents total jitter which is the root3. The jitter value (tj) in Equation (6) represents total jitter which is the root 

sum squared of the sample clock jitter and the converter aperture jitter.

For many communications systems the bandwidth of the channel is fixed; 
however, the channel capacity needs to grow.  Why?

1. Multimedia content requires more capacity
2. High definition content requires more capacity
3. Growing populations and an expanding subscriber base requires more 

capacity.
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In fixed bandwidth applications, SNR is the only lever engineers have to 
control channel capacity?  What types of applications have fixed 
bandwidths?



•This figure plots SNR vs. input frequency for fixed values of jitter.
•We can note a couple of things about this graph

•Lower jitter = better SNR
•For a constant jitter, SNR decreases as the frequency of the sampled 
signal increases

28



Aperture uncertainty is a key ADC concern when performing IF sampling. The terms 
aperture jitter and aperture uncertainty are synonymous and are frequently interchanged in 
the literature. Aperture uncertainty is the sample-to-sample variation in the encoding 
process. It has three distinct effects on system performance. 

First, it can increase system noise. 

Second, it can contribute to the uncertainty in the actual phase of the sampled signal itself 
giving rise to increases in error vector magnitude. 

Third, it can heighten intersymbol interference (ISI). 

If the aperture time varies by the time Δta error is caused which is equal to the change Δv in 
the voltage. This results into a degradation of the SNR of the ADC. To calculate the 
maximum time Δta which results into an error less than 1LSB, a sine wave with maximum 
frequency fmax as input is considered. 

V(t) = Vp sin(ωt)V(t) = Vp . sin(ωt)

The slope is 

dv/dt= Vp . ω . cos ( ωt)

Max. slope occurs when cos ( ωt) = 1 or at the zero-crossing point thus max (dv/dt) = Vp . ω
.
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In order to limit the error in the change of the voltage to less than 1LSB:

Δta = ΔV / ( Vp . ω )

1LSB = 2Vp / 2^n

All above results that 

Δta ≤ 1 / (2^n . Π . fmax)



For a given ADC, below a certain input amplitude, the SNR is dominated by other 
sources like thermal noise and quantization noise and jitter becomes irrelevant. One 
way of showing this is plotting the noise floor in dBFS with respect to the Ain. The 
figure above shows a real noise-floor example of the ADS5542 operating at 78 
MSPS and 230-MHz input.
This effect is especially important when we compute the theoretical effects of jitter in 
our system and try to choose the right ADC and clocking. Specifically, it shows that 
f t i t ADC d t t k t 1 dBFS i t i i tifor certain systems, ADC data taken at –1 dBFS may give us too pessimistic a 
result, as the signal may seldom reach those levels.
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Noise on the ADC power supply can directly affect the internal clock circuitry 
and may lead to increased jitter.
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So, considering all the above, Texas Instruments has started to include on its 
datasheet (see ADS5423/4) two values that the circuit designer can use to 
compute his estimated final jitter, depending not only on his/her clock jitter, 
but also on the shape of his/her clock:
1. A term that is constant, independent of clock amplitude. This would 
basically be the N3 of our model.
2. A term that divided by the clock slope will account for this new addition to 
the model.

Previous datasheets show a single jitter term that would correspond to a 
unique clock shape. Circuit designer should be careful with specmanship 
from some manufacturers who could specify the ADC clock jitter under ideal 
conditions (with input clock slope very fast).( p p y )
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So, let’s model the internal ADC jitter as, jitter due to the addition of noise by 
th ADC l k lifi fi it l k l (N1 d N2) d b ththe ADC clock amplifier on a finite clock slope (N1 and N2), and by the 
internal ADC clock distribution jitter (N3 - which is not affected by the clock 
amplitude). The slope of a sine wave is determined by taking a derivative of 
the sinewave. The maximum slope happens at the 0 crossing, so the cosine 
term = 1 and you are left with an amplitude dependent jitter term.
One 
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So, considering all the above, Texas Instruments has started to include on its 
datasheet (see ADS5424) plots that the circuit designer can use to estimate 
the required clock amplitude.
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•When comparing RMS jitter or total phase noise between clocks, the limits 
of integration must be identical

Comparing two clocks that have different phase noise 
bandwidths is invalid

•When comparing RMS jitter between clocks, the carrier frequencies must 
be identical

Remember, jitter is proportional to the inverse of the 
clock frequency. 
•If two clocks have the same phase noise power but 
operate at different frequencies, the clock at the higher 
frequency will have lower jitter.

•Total (integrated) phase noise power says nothing about the distribution of 
the noise.

•PSDs having different shapes may yield the same total phase noise 
power

•A good clock can be made to look bad if a wider region of integration is 
chosen relative to a lower quality oscillatorchosen relative to a lower quality oscillator
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•The diagram above shows three primary regions in the frequency domain, 
in terms of offset from the carrier frequency of the clock.
•In each region, certain functions or components in the PLL will be the major 
noise sources

Close into the carrier, the noise of the reference oscillator dominates.  
Moving slightly away from the carrier the noise of the PLL takes over TheMoving slightly away from the carrier, the noise of the PLL takes over.  The 
point at which the VCO becomes a factor is determined by the bandwidth of 
the loop filter.

For the most part, the primary lever that a designer has to control the shape 
of the phase noise profile is the loop filter of the phase locked loop.

Let’s look at some specific examples courtesy of EasyPLL. 



•This table provides some guidance on design choices in PLL/VCO design 
that can be manipulated to improve phase noise performance.
•Keep in mind that no amount of clever design or optimization can overcome 
the use of poor quality components
•Using the best reference clock and VCO that meet cost targets is always a 
given.
•If close-in phase noise is important for a particular application then chooseIf close in phase noise is important for a particular application, then choose 
components that give the desired close-in performance and acceptable 
performance at higher offsets.
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The jitter of this total clock solution at the clock input pins on the ADC will be 
determined primarily by

1) The jitter of the VCO/VCXO chosen
2) The additive jitter in the CDC chip
3) The characteristics of the BPF
The BPF (bandpass filter) is sometimes required to reject the clock noise 

that is not near the clock frequency to improve the overall jitterthat is not near the clock frequency to improve the overall jitter.
The amp is optional if the insertion loss of the BPF (assuming it is required 

as well) causes the clock amplitude to be too low at the ADC clock pins.
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