DSP Supported Sweeping SpectrumAnalysis

Laszlo Hars

Philips Research

Email: Laszlo.Hars@Philips.com

Abstract : Sweeping spectrum anal yzers can achieve several GHz measurem ent ban d - widths at relativel ylow-cost. We discuss some design and implementation issues of DC mixing sweeping spectrum anal yzers: resol u - tion filter design, sweep speed and estimation of the power of 0 frequenc ymix products, etc.

Introduction

Sweeping spectrum analysis makes it possible to build inexpensive Spectrum An a - l yz ers of several GHz measurement ban d - widths. It emplo ys a continuousl ytuned o s - cillator sweeping through the frequencies of the measurem ent band offset bya certain fixed frequenc yf

0

. The input signal is mixed with this local oscillator and the mixing products around frequenc yf

0

get filtered out. The power of this signal corresponds to the power of the component of the input si gnal at the current frequenc yof the sweeping oscillator plus the filter fr e quenc y.

The filter frequenc yf

0

is often chosen to be ver yhi gh to avoid the mirror frequenc y problem (frequenci es other than the ones to be measured also mix into the filter band). Hi gh filter frequenc yallows easier elimination of the disturbing frequenc ycomponents but it r e - quires high precision electronics working us u - all yat several GHz. Another alternative is to use an f

0

= 0 Hz filter frequenc y(low-pass filter), when there is no mirror frequenc yat all. In this case sweeping spectrum anal ysis requires the accurate measurem ent of the power of the mixed low-frequenc ysi gnals.

Design issues

Unfortunatel y, there are inherent difficu l - ties in measuring the power of 0 frequenc y

(DC) mixing products: the random phase di f - ference between the mixer and the input signal

causes uncertainties. We propose an altern a - tive method:

1. Remove the 0 frequenc ycomponents with a sharp hi gh-pass filter

2. Measure the power of the remaining ver y low but non-zero frequenc yco m ponents

3. Interpolate the results to DC.

The interpolation is essential, since the high-pass filter removes the DC components, causing a sharp notch at the center of the spectral peaks. The usual interpolation and pattern matching al gorithms don´t work ver y well. In the presence of noise the yproduce visible and disturbing artifacts on the spe c - trum display. We developed a better new technique, the ^shift-min-add~ al g o rithm:

1. Shift the spectrum graph along the fr e - quenc yaxis in either direction b yabout a quarter of the resolution bandwidth

2. Determine the lower envelope graph formed b ythe lowest points of these curves at each frequenc y. It has a sharp peak at the frequenc yof the input si gnal.

3. This curve will be added to the ori ginal displaycurve. Although the lower env e - lope curve is of distorted shape, it is well suited to filling the notch in the display curve.

Experiments have shown that this alg o - rithm is superior to standard methods in pr o - ducing no disturbing visual effects, yet giving accurate interpolation to DC. The notch filling curve shows peaks of heights proportional to the power of the corresponding signal comp o - nents and the shape of these peaks does not change with frequenc yor amplitude.

Another desi gn issue is the tradeoff b e - tween the ^reaction time~, i.e. the impulse r e - sponse of the resolution filter and the max i - mum sweep speed.

The stabilit yand linearityof the sweeping oscillator is crucial for the overall measur e - ment accurac y. Precise, stable and linearl y sweeping oscillators are expensive to build. A much more economical solution is to employ less stable and less accurat e oscillators and continuousl ymeasure their instantaneous fr e - quenc y, e.g., b ypulse counting. At the end of the sweep we check if it was of the correct speed. If not, adjust it and repeat the sweep.

Having a sweep of the correct speed, render the measurem ent data according to the osci l - lator frequencies. DSP techniques are ver ye f - ficient for this purpose, but due to lack of space we cannot go into detail here. (Recent developments in digital synthesized oscillators with analog frequenc ymultipliers give a more accurate but also more expensive solution.)

DC-Mixing SpectrumAnalyzers

The signal processing consists of an a - log/on-line and di gital/off-line processing.

On-line signal processing

High-pass

filter

Sweeping

Oscillator

Low-pas s

filter

A/D

Memory

The signal to be measured gets mixed

with the sine wave output of the local oscill a -

tor, which sweeps through the measurement

band. A low pass filter removes the high fr e -

quenc ymixing products. Its cut-off frequenc y

is half of the measurement bandwidth. Its d e -

sign is di s cussed in the next section.

An Analog to Digital converter provides

digital samples of the low frequenc yanalog

signal. The sampling rate must larger than the

measurement bandwidth. The tradeoffs are

presented below in the digital low-pass filter

design discussion.

We are not concerned this point with the

phase fidelit y, so a sharp infinite impulse r e -

sponse (IIR) filter is applied to remove DC

compo nents. Implementing the IIR filter r e - quires onlya handful of DSP instructions,

which does not add much to the data proces s -

ing (wait, read, convert, store) needed an y -

wa y. This is whyit is done on-line, before the

data is stored for off-line proces s ing.

We can use AC coupling in the analog

signal path, eliminating temperature drift

problems. Unfortunatel ythe same input signal

can give different voltage levels at the beat

fre quenc y. It can charge the coupling capaci-

tors positive or negative, according to the

phase of the l o cal oscillator.

Oscilloscope displays of signals

at different mixer phases

The low-pass exponential averaging fi l -

ter is d e fined b y

1 1

,

k k r c r x y r

+ +

= × + = ,

where r can be a DSP register. It can also be

written as a conventional IIR filter defin i tion:

1 1 k k k y c y x

+ +

= × + .

Frequency response of low-pass exponential

averaging filters with c = 0.5, 0.55 ,�0.95

The high-pass exponential averaging

filter is obtained from the previous one b y

subtracting the low-pass filtered signal from

the original:

1

1 1

,

1 k

k k x

r c r x y r

c

+

+ +

= × + = -

-

When r is a DSP register 4 instructions

are enough to implement this filter.

Frequency response of high-pass exponential

averaging filters with c = 0.5, 0.55 ,�0.95

The definition in the usual IIR filter fo r mat is:

1 1 1 1 k k k k c c

y x x c y

c c + +

= - + + ×

- -

.

Off-line, digital signal processing

(With a fast DSP these steps can be pe r -

formed on-line, too ˘ reducing the time b e -

tween sweeps.) First we calculate the instant a -

neous power of the digitized si g nal:

Memory

Hilbert filter

I 2

Q 2

S

Delay

Low-pass

filter

Deci-

mator

If we use an ADC, e.g. of 12 bit resol u -

tion, it produces a quantization noise of

2 -11

§ ˘66 dB. This is too high, but with a digital low-pass filter the quantization noise can be reduced and the dynamic range of the measurement extended.

To improve the effective ADC resolution the sampling rate is chosen as high as possible but after the digital low-pass filter, we have to decimate to speed-up the subsequent signal processing. This means we trade speed for reso lution. A single ADC is used for different tasks. In low frequenc yspans (slow frequenc y

change) we average a lot of ADC samples to improve the dynamic range. This cannot be done in large spans without reducing the resolution bandwidth of the measurement, but there it is not needed. At large resolution band widths the received and inherent instrument noise is larger than the quantization noise of the ADC.

The task of the Hilbert filter is to shift phase b y90º. This cannot be done at 0 Hz fr e - quenc yand if we design filters, which a p - proach this limit better, the filters get longer.

Fortunatel ywe removed the low frequenc y components during the on-line processing, so the frequenc ylimit can be the same as at the previous high-pass filter.

The instantaneous power is simplythe sum of the squares of the 90º phase shifted samples. To match the samples both signal paths must have the same delay , so the unfi l - tered samples are read from the memor ywith the appropriate offset.

Next the DC notch is removed:

Min

+ Delay

˘ Delay

S

Minimum of shifts

If we shift the spectrum graph with the

DC notch a little to the left and to the right

(the 2 bottom curves on the diagram) and take the minimum of the 2 waveforms, we get a smaller waveform which does not exhibit a notch at DC.

The disadvantages of this method are that the resulting waveform is of unusual shape, and being the result of a minimum operation, it is small and closer to the noise floor.

Sum with minimum of shifts

Although this is not good enough to di s - play, it can be added (scaled b ya normalizing factor) to the original envelope. This cancels out the DC notch and, because the minimum waveform is narrower, it does not significantl y increase the resolution bandwidth.

The dela ylength is experimentall ych o - sen, such that the displa yed spectrum looks the best (smoothest top). It is approximately¼ of the resol u tion bandwidth.

The final signal processing step is to fit the frequencies of the just-determined spe c - trum data to the measured sweeping oscillator frequencies. The standard data fitting routines work fine here (see [5]).

The Analog Low-pass filter

For the definition of the frequenc yr e - sponse of an analog filter the Laplace tran s - form