
   Inter-channel Phase Errors In Free-Running Digital Converters 
 
 
 
 

Availability of inexpensive DSP boards stimulated a design trend of incorporating such boards into multi-channel loudspeaker systems. 
Such design would often employ one DSP crossover per loudspeaker box. In a typical design, all digital converters within each board are clock-
synchronized to a crystal oscillator, from which sampling frequency is derived. 
 
 In a multi-channel system, each DSP board runs with it’s own local oscillator. Therefore, if multiple DSP boards are allowed to run 
without synchronization and time alignment, there is a possibility, that inter-channel phase errors will develop between loudspeakers. The 
magnitude of the phase error will depend on sampling frequency. To make things worse, the phase error will not be constant. It will fluctuate 
between 0 deg and an angle determined by the sampling frequency. The frequency of those fluctuations depends on the sample clock difference 
between the DSP board.  
 
 For instance, if DSP1 board runs with sample clock of 48000.1Hz and DSP2 board runs with sample clock of 48000.2Hz, there will be 
0.1Hz fluctuating frequency of the phase error.  0.1Hz  = 1 revolution per 10 seconds, so there will be a slowly small shifting of the image image 
between the front loudspeakers. 
 
 In order to understand the roots of the issue, please review a few simple issues related to digitizing signals. In order to make things 
simple, I assumed, that ADC is performed by standard “sample-and-hold” digital converter, and DAC is performed by standard “zero-order 
holder” digital converter. Also, processing time between ADC and DAC is zero, so whatever is digitized at the input – it will appear instantly at 
the output DAC.  
 
 
 We should now review some digital basics. 
 
 
 



http://tintoretto.ucsd.edu/jorge/teaching/mae143a/lectures/8sampling.pdf
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In the following example, a square wave generator feeds two, “free running” DSP boards. Therefore sampling time instances are shifted 
between the boards, and ADC2 is lagging ADC1. It is observable, that square wave coming out of DAC2 will be time-shifted in reference to 
DAC1. 
  

 



In the following example, a sine wave generator feeds two, “free running” DSP boards. Therefore sampling time instances are shifted between 
the boards, and ADC2 is lagging ADC1. It is observable, that sine wave coming out of DAC2 will be time-shifted in reference to DAC1. 
 

                   



The allowed time difference between stereo pair of loudspeaker is actually specified in AES document shown below. 
 http://www.aes.org/technical/documents/AESTD1001.pdf
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If the sampling frequency is 96kHz, you would still be outside the 10usec recommendation. Setting sampling frequency to 192kHz would 
reduce the fluctuating phase error to about 5usec. 
 
Obviously, the best option is to run all ADCs and DACs from single clock sourcve. 


