Long Baseline Interferometry with Unmatched SDRs

Abstract

Long baseline interferometry normally requires frequency locked local oscillators and very high timing accuracy. In this note, a method of measuring interference fringes using SDR dongles having differing tuning frequency accuracies whilst viewing overlapping observation windows is described.

The method requires strong radio sources and uses the source itself to calibrate the SDR receivers.  Specifically, collecting data files from the antennas pointed at the same source with a few dB signal to noise ratio over roughly the same time window. These data files are processed post data collection; firstly cross-correlated to determine the timing offset, then spectrally correlated using an FFT to determine the second SDR frequency offset. The offset can be corrected by a cyclic shift of one FFT; its Fourier inverse is then phase compared to the original reference data to recover the source phase and derive the interferometer phase difference vector from which interference fringes can be derived. 

The Method

Using the Osmocom SDR software collect data files from two displaced antenna/receiving systems that are observing the same strong source. The data observation windows should be timed to overlap as best as possible, say to within 1second.  

The processing sequence is:

1. Cross correlate the two overlapping SDR amplitude files to determine the timing error.

2. Correct the timing offset, truncate and align data to ensure timing synchronism. 

3. Fourier transform time synchronised sections from the two files and cross correlate to determine any frequency offset.

4. Cyclically rotate the FFT bins of one channel data to adjust for the frequency offset found in 3 above.

5. Inverse FFT the rotated result to obtain the second channel frequency corrected sampled data file.

6. Trim the data file phase to remove residual frequency error due to coarse binning correction of 4.

7. Phase compare this file with the reference antenna data file section. 

8. Vector sum result across the operating band

9. Repeat process for further windows to observe fringes/phase rotation as the source traverses the interferometer aperture. Monitoring either the real or imaginary components shows interference fringes.

The sequence is shown in Figure 1

[image: image9.emf]Record Rx1 data Record Rx2 data Correlate Synchronise samples Synchronise samples FFT FFT Correlate Cycle Spectrum IFFT Phase Discriminator Phase Trim


Figure 1 Self calibrating interferometry

Data Collection

OsmoCom rtl tools is run on the command line. 

1. Open ‘Command.com’ check that it is initialised in your working directory.

2. To record data to .bin files, type on the command line… rtl_sdr.exe ./capture1.bin –f 1420e6 –s 2048e3 –g 42 –n 200e6
-tunes to 1420MHz, samples both I and Q ADC’s at 2.048MHz, sets dongle gain at 42dB and records 200million I and 200million Q samples interlaced in the output file. The output file capture1.bin is stored in the current folder

3. To convert to a text file…. DatFRI.exe capture1.bin interF1.txt 1024
· the output capture1.txt file stored in the current directory can be input to Excel or any math cad program to view imaginary and real data samples. (DatFRI.exe is available at http://www.y1pwe.co.uk/RAProgs/DatFRI.exe ). 

· 1024 is the number of 8192 sample blocks collected.

4. Similarly for the second interferometer channel ensuring that captured files are collected as closely synchronised as feasible.

5. Text files are listed in the form, <Sample number> <Imaginary component> <Real component>

Values are in the range, (1. 

Time Correlation

Assuming that D1(p) and D2(p+s) are the pth and (p+s)th sample magnitudes in the two channel files, by summing their product over the data file length, the value of s which produces a maximum is the required sample offset. Two synchronised files are then obtained by deleting non-synchronised samples at the relevant files beginning and end.

The amplitude correlation function is represented by, 
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, N is the number of I/Q sample pairs in the file. Alignment occurs as C(s)=1.
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Figure 1 Two Amplitude Correlated data files - Ta/Ts  =  6dB

Frequency Correlation

Applying the complex FFT to data blocks in both files and again applying the correlation process, the effective frequency calibration of the shifted FFT is coarsely adjusted as shown in Figure 2.
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Figure 2 Two Correlated Spectrum files - Ta/Ts = 6dB

The frequency correlation function is represented by, 
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. The star represents sign reversal of the spectrum imaginary components. The peak (1) position indicates the number of FFT bins to be rotated.

Taking the inverse FFT of the shifted spectrum generates modified time samples for phase comparison with the unshifted reference channel data. 

Phase Comparison and Correction
Since all data is in the form of digital bytes it is convenient to a digital phase discriminator approach using well-known trigonometry rules.  It operates on direct and phase delayed signal samples, sin(ωt), sin(ωt+(), cos(ωt), cos(ωt+(). To recover the phase difference ( between the direct and delayed signals, these samples are best combined using digital multiplication to implement the following trigonometrical identities, producing the signal vector components,
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Substituting the real and imaginary components of the data sets with the cosine and sine terms above, results in a vector point, amplitude given by the amplitude product and angle equal to the phase difference between the two data sets, or,
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(1)

Due to the frequency adjustment of a fixed number of bins, there may be some residual frequency error indicated by a phase slope as a function of sample number. This needs to be removed before summing sample components to improve the output signal to noise ratio.

Phase adjustment is achieved digitally, using equation 1 and the vector phase relation

V(p) = cos kp +j sin kp = Re + j Im for one of the data sets. The coefficient k is obtained from the slope (if any) of the expected constant phase of the phase discriminator output with sample number p.
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Figure 3 Output vector phase/sample (red) and fine frequency correction calibrator (blue)
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Figure 4 Phase discriminator output vector, sample amplitude and phase angle.

red - sample-by-sample; blue - block average; Ta/Tsys = 6dB 

Limitations and Extensions

Receiver channel insertion phases not matched. 

Extra phase error due to different channel absolute sampling times.

Strong sources with good SNR needed for better correlation.

Not real time. Software needs to be developed.

Multiple sample measurements can be averaged to improve output SNR.

Frequency correction only needs to be done once unless there is frequency drift in the SDR's. 

Possibility to improve frequency alignment by phase measurement between successive sample blocks.

Possibility for 3-channels and correct channel phase errors using phase closure technique.
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