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Abstract— The application of a random sampling 
scheme in high-frequency digital lock-in amplifiers is 
proposed. This scheme allows reducing the sampling 
frequency with reduced aliasing effects. Analytical 
and numerical analyses that show the advantages 
and limitations of the proposed scheme are 
presented. Furthermore, experimental tests that 
validate the proposal are given. The maximum 
input-signal frequency of a lock-in amplifier working 
with the proposed sampling scheme is not limited by 
the sampling frequency. Instead, the limit is imposed 
by the quantization of the random time periods and 
the sample-and-hold device. 
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I. INTRODUCTION 
Lock-in amplifiers (LIA) are measurement instruments 
widely used in science and engineering. They can 
measure signals in presence of high noise levels. The 
signal frequency must be locked to a reference, which is 
used by the lock-in to carry out the measurements.  

Traditional LIAs are built with analog electronics, but 
modern ones use digital signal processors (DSPs) to 
perform the measurements. When using traditional 
digital signal processing techniques (i.e. uniform 
sampling), the input signal must be sampled at more 
than twice the maximum frequency present in the input 
spectrum in order to avoid aliasing effects, as stated in 
the Nyquist theorem. This is necessary to perform a 
fully-digital signal processing, without additional analog 
pre-processing. 

If the frequency of the reference signal is in the range 
of a few hundred kilohertz, the required sampling 
frequency can be reached with current technology of 
analog-to-digital converters (ADCs) and DSPs. 
However, if the input frequency is higher (more than a 
few megahertz), the technological limitations of the 
ADCs and the DSPs make the implementation of a 
complete digital LIA in this frequency range not 
practical or at least not economically convenient. The 
ADC speed limit of commercial high resolution (i.e. 
more than 14bit) ADCs is in the order of a few hundreds 
of MHz. Furthermore, the computational requirements 
needed to process at these sample rates are excessively 
high to be performed with a single DSP device. 

Modern LIAs are completely implemented with 
digital electronics in frequency ranges from DC to 
2MHz (Signal Recovery, 2002). A detailed description 
of a LIA signal processing, working with uniform 

sampling, can be found in Sonnaillon and Bonetto 
(2005). For higher frequencies, the sampling rate must 
be too high; hence commercial high frequency LIA are 
built with mixed analog and digital electronics (Stanford 
Research, 1997). 

If the samples are taken at random time instants, the 
sampling frequency can be reduced below the Nyquist 
frequency without aliasing effects that certainly occur 
with uniform sampling (Bilinskis and Mikelsons, 1992; 
Mednieks, 1999). Hence, the ADC speed requirements 
and DSP processing requirements can be reduced. The 
sample-and-hold (S/H) device bandwidth and jitter 
determines the maximum operating frequency. S/H 
devices are not expensive and set a very high frequency 
limitation. Commercial S/H devices have maximum 
frequency limits of up to 15GHz (Rockwell Scientific, 
2005). 

In this paper the application of a random sampling 
scheme to digital LIAs is proposed. The scheme is 
described and validated analytically. The analysis shows 
its advantages and limitations. Numerical simulations 
are presented to verify the analytical results. 
Experimental tests are included in this paper to further 
validate the proposal. 

II. A BASIC LOCK-IN AMPLIFIER 
A LIA uses a reference signal that can be generated by 
the same instrument or can be generated externally. In 
the last, the LIA uses a phase locked loop (PLL) to 
internally generate a sinusoidal waveform with very low 
distortion, and with the same frequency and phase of the 
reference input. A general expression of the internal 
reference is: 
 ( ) ( )0sin 2 .r t f tπ=  (1) 

The input signal i(t) is composed by a sinusoidal 
signal of frequency f0 added to a generic function that 
represents noise and the harmonic distortion, called n(t): 
 ( ) ( ) ( )0sin 2 .i t A f t n tπ θ= + +  (2) 

The LIA amplifies and multiplies the input signal by 
the in-phase and the quadrature (shifted 90 degrees) 
components of the reference. 
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where rp and rq represent the references in phase and 
quadrature respectively, np and nq represent the noise 
functions after the products. 


