Filter Summary
H.R. Walker ( 3/3/2011)
ABSTRACT: DRAFT Undergoing Revisioni Still subject to corrections

This paper is in two parts. The first part contains a description of the conventional
filter, which includes all filters in general use today. Thse filterswhen utilizing LC
componentsdate from the turn of the century, and from the 1920susing crystals,
with improved analysesmade later by Nyquist and othersThere are some facts
stated here which are not generally considerenh all texts, or probably overlooked
in communications work. The second part coverthe specialzero rise time andnear
zero group delayRF filters for Ultra Narrow Band methods.

HOW CONVENTIONAL FILTERS WORK:
Conventional filters cannot be used with Ultra NarrowalBd Method,
which are absolutely dependent upon Negative or Zero group delay filters

THE OPTIMUM FILTER: The integrating Filter:

The optimum filter is described as "the filter that passes the most signal power with the least
noise power". The integrating filter usedas part ofa ficorrelator 6** is considered to be a
matchedfilter.
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The integratig filter used aftea detectoy or as a bandpass filtés, shown in Fig. 1. The

circuit** consists of arecedingmixer plusthe integrator and sample and hold circuit following
theintegratorto separatéhenoise and data. In this case, the integrator RC time is optimized for
the group delay = J{ Symbol rise time, which is equal to the bit period for 2 level naichn ).

** Correlator circuitnotes pages 2 and 39*



Using thepost detectiommplitude data pattern of ones and zeros at (A) as an input, the integrator
charges positively as shown in (B) until it is sampled by S2 at its peak (C). The capacéaor is th
discharged by S1, to be recharged anew by the input signal at the end of a bit or symbol period, or
simply left to obtain a new level from the incoming signal. The amplifier can be a sample and

hold circuit as shown, or merely a clipping amplifier wathectangular output obtained when the
signal rises or falls above or below the center line seen in (B).

A conventional crystal or LC filter has the same integrating effect as the RC integrator
Fig. 1.Instead of the RC rise timesponding to levethere is an equivalent group delay
time, orphaseslew rateThe incoming signal is a sine wave at the resonant frequency,
which is varying in amplitude or phase. The filter response preserves the sine waves
(ringing ), while reducing the effects of nodisturbanceslue to the time delay.
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Figure 1A. The rise time of a filter with positive group delay responding to a burst pulse.
This filter has a rise time of 200 nanoseconds and a Nyquist bandwidth B of 5 MHz.

The goup delay ( rise time ) for conventional filters is traditionally calculated to be:
Ty=[DF/ (2P DH] Eq. 1. Derived fromwt = F .
For LC or Gaussian filters, this is:
Tg=[1/Df)] or Tg=Q/[IF] WherelF is thefilter centerfreq.
T4 = Q/[4IF] is the phase slew tinfer 90 degrees. For 180 degrees i js=

Q/[2IF].The basic formulaTysQfidr 2° radians, whi
Obviously, a very narrow [Df] or high Q bandwidth filter has a very large group

delay unlessDF = 0, or fisinfinite. A network analyzer will show T4 = Q/[IF].

Df BW B

(Df )t % BT

BT:E =l
20

There is an associated equation for thequivalent RCrise time of the conventional
LC or crystal filter: T, =0.7/B, where B is the 3 dB bandwidtht] of the filter.



This is the time from 10% to 90% on the RC curve. Bandwidth, rise time and
sampling rate are mathematically linked. The general custom in analysis is to
assume T = 1/B and that there is an associateslew rateof 360degrees during T =
1/B. (BT, =1).

For the amplitude relationship and noise bandwidth, the crystal Q is = Freq/(3dB BW), which
is from 20,000 to 50,000, therefore B = IF/@nd BT =1, so 1/T = IF/Q,or T =Q/IF. T is
normal group delay, not the transient vector sum delay.

The rise time and sampling period are related---T, = 1/B, where B becomes the
necessansampling rate, as in B = 1/T, which is optimized to match the signal
peaks. Most engineers associate B with the filter bandwidtinf, and use it as such in
the Shannon Channel Capaity equation. This can lead to serious errors, since it is
not the bandwidth of the RF filter used, except in the optimum case for the
correlator with integration ( matched filter ). This must be the Nyquist bandwidth
B, since it relates to Nyquist's samping theorem:

"You must sample at thesymbolrate, or at frequency higher than the
symbolrate ".

All conventional digital communication takes place in the form of @&og#, frequency

or phase changingulses, usually rectangular pulses, which are altésefiltering. As
seen in the integratinfiter of Fig. 1, each pulse has a rise time using conventional
filters, having a durationt”( T, ), and an associated optimum repetition rate B, optimized
at B = 1f. Conventional filters are integrators. Therise time is also associated with a
fixed filter bandwidth = 14, which is optimized at pulse orbit period.B is referred to

as the Nyquist bandwidtiwhich mustalso equal to the sampling rate.

** The correlator, consisting ofdetector plus aimtegrating filter, is considered to be an

foptimum filterdo in the presence of white noise.
integrating the incoming signal pulsethe filter. The noise is white and has a long term

integrated output level at 0 voltshd@ short term signal information will have a positive or

negative integrated value.

The input signal pulse here is considered to be rectangular, but other pulse shapes apply as well if
the sample time is properly chosen.

Thematched filter is best desdoed as the best filter that is usable for the modulation method
employed. It may or may not be the optimum filter, since the optimum filter could mask some
modulation details. Generally it is the filter that results in the best SNR.

All conventional fiters, LC, Crystal and SAW function on a similar principtls all a matter
of phase shiftDF_and rise time T, through the circuit bandwidth.

A conventional filter with rise time = bit period is a form of integrating

filter. Normally, the signals are sapled at the minimum Nyquist sampling rate,
which is equal to two samples per bit at the baseband frequency,fwhich is %2 of the




data bit rate f,. Thus the minimum Nyquist sampling rate 'W', and the minimum
bandwidth B with conventional filters, are equd to the bit rate = 1/, and both are
tied to théefilter rise timet.

The optimum filter is described as "the filter that passes the most signal power with the least
noise power". Obviously a filter with a group delagpger than the bit periodioes notit this
definition, since low frequency noise when ¥ Ty, comes through at full strength, while the
signal is reduced by the ratiQ,TT 4.
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Fig. 2. Ideal, or Brick Wall Filter.

The idea) or brick wal filter, is shown in Fig. 2. This filter has a phase shiftp rom

edge to edge of 180 degreespara di ans over M ofr eNopNdramdt y ys hi f t
Af coverone bit period. If the group delay is longer than the bit period, as shown at the

bottom, the output level decreases to a level = Bit Period/Grelay.q T,/ T4 ).

The closest approximation to a brick wall filter, ( which does not exist in practice ) is a
Nyquist filter ( Raised CosineWith a = 0.0. Simpler filtersuch as the 2 pole crystal

filter seen in Fig.3, yield criedapproximations. A series resonant crystal at théentéfy.

3 is shunted by a parallel resonant crystal 'B'. The two operate at slightly different
frequencies to yield the frequency response seen at the right. The phase shift from edge
to edge is 180ehrees, so there is a resemblance to the ideal filter. The group delay is
calculated in the same manner from Eq. 1. The bandpass is determined by the Q of the
crystals.
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Figure 3. Typical Crystal Filter.
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Figure 4. The slow phase shiftthesignal( slew rate ) that occurs with a conventional
filt er having a large group delay, or finite rise rime.

The maximum data rate possible depends on this phase slew rate, which is related to filter
group delayTy. This is a Continuous Phase FrequeBbiyft Keying ( CPFSK) method.
Sampling aftecompletingthe maximum phase shift is require8l.180 degree shift is
shown.Ty = Q/[2IF] is the required filter group delay.

The typical crystal filter shown in Fig. 3 has two crystals, the pass throughlenyste

series mode and the shunting crystal in the parallel mode. Often the crystals are weight

loaded to broaden the bandpass ( lower Q ). The crystals operate at different frequencies

to result in a filter t hastal89 degreeopRaseshift es t he
over the bandpass of the filter. The group delay can be calculated from Eq. 1.

Near Zero Group Delay Filters

Abstract:
Used as shown in Fig. 3, the filter cannot respond instantly to a phase change. The
phase changes slowly ssen in Fig. 4. Used independently as mono crystal filters, the
filter can be made to respoatinostwithout group delayfést slew rate- zero rise timg
at a single frequency. There is no suitable broadband resfdrese.hal f | atti ced a
0 | a d deesruging €rysthlare afilter groupthat caroffer near zerorise time and
group delay (T4) to sudden changes in phaser to an amplitudeburst inputat a single
frequency.

There is a group of filters that have near zero group delay response $eaopwbhich add stored
energy to to the signal by vector adding to obtain a near zero group delay re3ensector
adding filters are all basically filters that depend on the shunting effect of the crystal where the
shunting impedance varies and chesithe amplitude accordingly. This impedance can be
controlled by using a transformer to vary the shunting impedance load.

The transformer reflected shunt filter ( TRS ) haar zerotransient group delay with
optimized shoulder reductio@onventionalntegratingfilters with a delay response asen in
Fig. 4 cannotespond to short bursts unless they have very broad bandvedths

(low Q -from- Ty = Q/[IF]).



Any filter used with UNB methods must respond to a burst of 1 IF cycle, meaningear zeo
group delay. Thesenear zero group delayfilters function only at a single frequencyor
extremely narrow band of frequenciesand are capable of responding to a single RF cycle.
All filters used in known communications systens are subject to the BT=1Irule, including
thesezero group delay filters. Thus the Nyquist BW of a UNB filter is extremely broad
(equal to the IF )but the noise bandwidth can be very narrow.

This abrupt phase changearacteristic is required fadl Ultra Narrow Band modutaon

methods, such as VPSK, VMSK, MSB, and MCM. These modulation methods are characterized
by a single frequency, altered by an abrupt change in ampliaugbasehat lasts only one to

three RF cyclefor phase reversal keyingr a full bit periodvith NRZ-MSB. Ordinary very

narrow bandwidth filters cannot be used, since they all hava rise timeand slew rate
characteristic ( group delay =T4 = [DF/ (2p Df) ]) which is too large anahich will not pass

the burst amplitudeor abrupt phase change maatitn, without loss. A filter with nearzero rise

time is requiredThis is accomplished by means of vector addition.

Low Pass Filters - Integrators
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Figure5. High/Low Pass NetworksThe differentiator voltage responseat the right.

A filter without rise time or group delay losscan be achieved if the filter is equivalent
to a high pass filter, or differentiator, as in D in FigTBe desiredfilter functions
approximately in this manngeor as a voltage divideFigure & is also a differentiator. F
in Figure 5 is aifferentiator if the coil s a very low Q ( less than 1), otherwise it is
similar to a high pass filter.

The filters described in Chaptemofithe Textboolhave positive group delay, which smoothes
over the missing cycles that are required for optintiltra Narrow Band methods. ( See Fig.
1.10). Afilter is required that does not have appreciable group delay, or has negative group
delay, yet has acceptable shoulder reduction. This filter needs to have thifoeffety a single
frequencyi the carrier, or one transmitted sidebandthe case of VMSK since the other
Fourier sideband frequencies are irrelevant and removahle. group delay of the filter is
determined fronT 4 = [DF/ (2p Df)]. A zero group delafilter (T4 =0 )requiresDF = 0. There

is a group of f il t edfiterthatcanexhibittms chataaerishichuaingf | at t i c €

vector addition. Al so the crystal ol adder6 filter can
using vector addition.

be
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Figure6. Characteritics of the Crystal Resonator. The phase change with frequency depends upon
the change of impedance with frequency.

Figure 7 shows the well known bridge or half lattice filter. In Figure 7A, the filter is used in a

bridge circuit that pernstthe crystal to be used in regions 'b', 'c' or 'd' of Fig. 6. The trimming

capacitor Cp adjusts the phase of the circuit while canceling or adding to the crystal shunt
capacity. This trimmer enabl es theb.ci rPcouiintt tdoc 6b e
an inflection point wher®F = max and Ty = max. This frequency varies with tuning.

Note that the circuit is merely a variation of the well known phase shifter circuits shown i Fig.
B, C, and D, where the crystal can be resonatechercapacitive or inductive side by Cp, or

tuned to be a pure resistance, agBn If the crystal at resonance is considered a pure resistance,
then7C applies. Off tuned to be an inductafi@pr 7D applies.
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Figure7. The Half LatticeBridge Circuitand Walker Shunt Filters..

The circuit of Figure’A divides the signal into two paths, each 180 degrees out of phase. The

crystal in the upper path forms a varying impedance load that alters the level of the signal passed

through the capacitor Cp. Theyeal with the phase changes intact passes through the capacitor in

the lower path. FiguréEist he o6 Wal ker Shunto6é filter, where the
the circuit can be driven through the phasing capacitor alone, while still using yivg\anystal

impedance as a shunt loddioving the ground to the opposite end of the transformer results in a

6l adder o6 filter.
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Fig. 8. Phase shif( yellow ) and group delay ( blue ) of a typical half lattice filter
balance tuned ( Fig. 9.)The group delays approximately 50@nicrosecondsPhase
shift approaches-190 degrees.

The phase shift throughe half latticdfilter ( Fig.8 ) can be obg&ed usingmost of the
circuitsshownbelow. The phasshift is lineararound thecrystal impedancaflection
pointas inFigs. 8, 9and 11.
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Figure 9. Theswept response of the Bridge ardsS filter when balance tuned.
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Figure 9a Swept response of thé' ®vertone TRS filtel( Fig. 19 ) The shoulders are
narrower than for the fundamental crystals. This filter has very little tuning range and a
series inductor may be neel® increse this range to the desired frequency.

Unlike the fundamental crystals, this filter can be operatesertopoi nt &6c 6 whi |l e
fundament al crystals wusually must be operat

filter has almost no storeéference signanergy
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Figure 9b Swept Respase of all half lattice filters when the plragcapacitor Cp is too large or
too small. The dip can occur at the right or left sldpending upon the valueof Cp.



InFig.%, t he magni t sdhentipeplage shifites at a maximumrhe

freqgquency points 6bé and 6do6 in Fig. 6&ihare mar ke
fundamental crystas he f i |l ter must be tuned to operate at
L TR
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Figure 9c. To test the filters with the bandpass response of Fig. 9, a UNB signal on
phase Xor 35% of the time and on phasdd 65 % of the time was usedslith a
modulation angle of 120 degred$ie data pattern was 010101010Mhe test signal
spectruni prefilteri is shown aboveThesidebandsre almost at the same level as the
carrier. After one stage of Overtone TRS filtering, the spectrum seen in Fglise
obtained.
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Figure 9d. Post bipolar Overtone TRS filter spectaiter 1 stage. The sideband shoulders are
reduced nearly 30 dB. As seen beliovFig. 9ethere is almost zero phase loss.
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Figure 9e. Detected signal before and aftee stage dfhe bandpass filter. Almost no phase loss
is measurableSee Figure 8for the results using cascaded filter stages.

Fig.10 shows speculation on the effect of the phasing capacitoFigp7 )in the shunt filter
circuits. These plots show how the shoulders shift the dip below or above the center. Balance
tuningas in Figa and Stappears to eliminate the dip.

The normal X and Xc relationship is seen in A. This response from a filter indicates the crystal
is being operated at the peak point 6c¢cd6 from Figc
6dé in D.

If the series capacitance is less than the crystal shunt capacity, ihaldéred as in B to yield a
response curve like that seen in D. The zero crossing is seen as a series dip on the right side.

inductive
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Figure 10. V
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Figure 11 A network analyzer plot showing gptical bridge or shut filter response when Cp is
largecompared to balance tunedhe amplitude ot is in yellow, the phase in blue.

The Swept Response of the Bridge and Shunt Fikessownin Figure 11.Pointer 1 shows the
frequency of the peak. Pointers2and3 p oi nt s sldoty the aqperading painbfor jhe TRS
and Shunt filters where the phdessis a minimum/ for fundamental crystals ).

Figure1l1 shows the measured phasdtshith frequency of tle regularbridge and shurilters
using fundamental crystal$t is seen here that there is a very large phase BRifin a very
narrow frequency range at the series and parallel resonant frequeidiesfilter cannot be
operate properlyat those frequenciasith fundamental crystaloone of which is at the desired
peak amplitude response. However, fliter can be operated slightly above or below this
frequency at t he dépThe optimsm opexating fFediuerdphiri mag suiflerard
amplitude loss of abowt-5 dB using theordinary bridgeWalker Shunt and’ RS filters with
fundamental crystals.

Phase Loss

The crystal in the half lattice circuits is caused to resonate with the incoming signal at an average
pha® between phases 1 and 2. This stores energy in the crystal, which then forms a teference
be vector added to the incoming signal to resuthéndetected phase.

In the Bridge and Shunt filters, this reference level is relatively large and the seatdor a +
90 degree phase modulated signal suffers a phase loss of approximately 50% as seen on the left.
Of Figure 12 A. This assumes the filter is passing a vector sum to give a resultant output.

The Transformer Reflected Shunt ( TRS ) filter hasifferent effect if the turns ratio between
primary and secondary is varied. The reference has a lower value and the sumpitees Bsss,

12



as seen on the right. A ratio of 3 turns primary to 5 turns secondary is effective in this regard.
This givesthe TRS filter an advantage over the ShuntBndge in terms of phase loss. Losses
of 10-20% in phase per stagee being obtained.

0 0
01
Phase 1
Reference Reference
> 1
Phase 2 02
180 180 .
Figure 12a.

Speculation Regarding Phase Loss in Rlté&showing VECTOR ADDITION .

The loss can be minimized if the transmitted signal has a variable amplitude level for the phases.
This is particularly true in the transmitter. The receiver has a limiter so that amplitude variations
due to the filter tunig do not pass to the phase detect@vertone crystals store almost no

energyso the reference level liswer. Using quadrature modulation does not allow any build up

of a reference, so the is no phase loss.

The phase can be skewed by tuning to liearlés one or the other input phases so that the vector
sum will vary in amplitude. In the case of 90 degree modulation, as in 3PRK, the signal can
null on one phase and be augmented on the other.

10 11

A 4

00 01 UNB

BPSK

QPSK, 4QAM

12B

All of the shunt circuits above using fundamental crystals will introduce a phase shift loss
per stageif two phase modulation is usedTypically this can be 50% per stage using
fundamental crystals, but may be less if the reference level and tuning phase are changed.
Optimized fundamental circuits show .75 to 9 phase angle retained with a 120 degree
signal phase shift. This becomes less as the angle is decreased. Overtone crystals [Etsse
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energy and tere is little or no phase loss as seen in Fig. 9e if some shoulderigae is
accepted.Four phase modulation ( quadrature ) stores no energy so there is no phase loss.

Resultant
APhase 1
! >Phase 2

Figure 2C. Skewed Reference.
The phase modulation can also be 90 degrees instead ofatenaiversing 180 degreekhis method is

used with NRZMSB modulation. The 180 degree modulation is used with 3PRK. Adjusting the reference
phaseand phase 2 levels gives better control of the vector sum and results in less phAsghass.
differenceof 120degrees at the modulator and controlled reference level makes it possible to retain 90
degrees after filtering with acceptable magnitude loss.

J §
+S| | Ref.

Result

Result

Ref.

Y Figure 2c.

Figure 2D. Filter Phasing to Create issing Cycles from 180 Degree Phase Modulatidris

shows clearly the vector adding priciple using signal and stored en&tgyfilter should never

be operated with this phasing. It removes the opposite phase and leaves nothing for the following
stagesto work with. Tune the filter so that about 120 degees of the originalrdi®@in for
following stages.All of the near zero delafjiters will do this with excellent shoulder reduction.

Phase loss in the transmitteasid recieverscan be largely elimirtad by using frequency
multiplication, as in the Armstrong method. 30 degrees of remaining phase shift after three stages

14



following a 90 degree start can be restored to 90 degrees after frequency téplimgch better
concept is to use quadrature modiolavhere there is no stored reference energy.

The shoulder level relative to the carrier frequency peak is determined from the driving
impedance and shunting impedance. These form a voltage diVideTRS filter has better

shoulders since #shunt imgdance andeference level can be adjedby means of transformer
impedance matchingand the response can be balance tuned. ( See Bigure

Av |4

Hie | G T
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Figurel3. Transformer Coupled Shunt Effect.

i

Another variation of théshunteffecdf i | t er i s the ATransfor mer Refl e
( TRS ) shown irFig. 19. The shoulder rejection of the bridged shunfiltersis shown in Fig.

9. Thisreflected shuntilter places the resonating element itransformer secondargsin Figs.

13 and 19andcouples the shunting impedance back into the prinmg. shunimpedance is

thereby optimized for best shoulder reduction.

Figurel3illustrates the transformer coupled ( TRS ) principle. At the inflagtioint, which is

the point of maximum phase change, the crystal has near infinite impedance. At any other
frequency there is a large capacity shunt load that reduces amplitude response, since the circuit is
normally driven by a high impedance sourcehis tircuit the impedance is merely reflected as a
shunt load to the source. If an oscillator is substituted for the crystal, the circuit is that of the well
known synchrodyne, or autodyne, receiver circuit.

When using 180 degree modulation ( 3PRK ), filier can be tuned to be phased with the
predominant signal phase. In that case, phase one is peaked and phase two is cancelled. This is
shown in Fig.12c This may offer some advantages in the receiver. Phasing along one phase as in
Fig. 12c results inON/OFF keying, or missing cycles at the output. The smoothing over effect
shown in Figure 1.10f the Textbooldoes not occur since the group delay is near zero.

Unfortunately, the signal phased as in Higc is converted to an AM signal and cannartbe
used with a limiter.

NOTE: The HP57145753and E507INetwork analyzersangive falseor misleadingesults
regarding the resulting group deblafen used with these filteifsfalsely interpretedVector
adding is ignoredThe TRS and other halittice based filters wikhow a residual group delag
high as 500 microseconds seen in Figure 8vhich would make them useless KB
modulation This is due to reference energy stored in the cryat@l.of 15,000 at 32 MHz will
showa residual grop delay of 35 microseconddegative group delay must be assumed.
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The crystal at resonance is a very high resistance, which combined with the driving
capacitor makes an RC differentiator. An RC differentiator has no group delay and zero
envelope respongeaise ) time. Off resonance, the shunting impedance of the crystal is a
capacitor( Fig. 6 )and the circuit performs as an integrator with rise time and envelope
delay. If there were no energy stored in the crystal to be vector added to the incoming
signal, the circuit would show no phase loss.

The optimum filter stores the leastferencesnergy in the crystal while maintaining the
largest shoulder reductio@vertone crystals storery little referencesnergy.

The phase loss can be measured uspigaae detector that is linear with phase change.
The NE602 circuit showm Figure 33has this characteristic. Some results using the
Overtone TRS filter are also givémFigure 9to show almost zero phase loss.

The burst responder TRS filtersis closer to ® nanoseconddor 32 MHz IF )as seen in
Fig. 15below, sincethe filter operates by vector addition of the reference and the
incoming signal as explainebove This is a nezr zero group delay response where the
rise time = group delay = 1 IF clg.

=N EEETEE ERIESE T
1.4 cBm LOG 10 dB/f 30 4B
»» NONAME trace: & auto

24,0000 MHz 1000 kHz 1 kHz 100 Hz 1.0s

int ref Mar manual manual
BTN TR W

Figure 14. The Swept Response of 3 Cascadell ladtice Filter Stages ( Fig 8. This is
applicable to théridge, shunt and TRS circuits, particularlyRig. 17.

It should be noted thdhese filtersas usedesolve each individual IF cycle wihout group

delay. The Nyquist Bandwidth from BT = 1is equal to the Intermediate Frequency. The noise
bandwidth however, is as seen in Fig@esd 12 These filters are analogous to phase locked
loops where the noise bandwidthnarrow, as determined/tithe loop filter time constant, and the
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phase slewate is also set by this time constant. However, the phase change at the output of the

phase detector ahead of the loop filter is near instantaneousT €8beokFig. 4.7 ).

With a conventional filte TextbookChapter 4 ), the noise bandwidth and Nyquist bandwidth

are close to the same. The raised cosine filte
bandwi dth twice that called for at Uh=e .Noyquist r

The filtersin Figs.9 and12 have a noise bandwidth of approximately 1 kHz at the 3 dB points.
The Nyquist Bandwidth from BT = 1 is the intermediate frequency ( crystal resonant frequency ).
Frequencies as high a6 BIHz have been used. The rise time, or group disldylF cycle period.
Overtone crystals do not have the tuning range that is available with fundamental mode crystals.
See paged A series inductor must be added.

That these are truly near zero group delay filters carmbers with a burst test (Fighl. A burst
of 4-5 cycles will show the 1 cycle rise and decay tinjd¢sg. 15).

Ultra Narrow Band filters must have arburesponse 1 IF cycle. Hence the group delay
must be = 1/IF 3. The Nyquist BW from BT = 1 is = IF. The noise bandwidth
(figures 9 and 12 glepends on the crystal Q.

Figure 15 Burst or Impulse Response of the TRS Filter to Multiple IF Cycles. The top trace is the
input signal, while the lower trace is the filter output for one stage. Thi® ghotvs near zero
group delay, since there is no rise time or after impulse ringihere is no stored energy in the
crystal when th bursts are not close together. Overtone crystals have little or no stored energy.

All sinx/x ( sideband )frequencies ae rejected due to the capacitive load
on the filter at all frequencies off resonance. ( FiglO). Figures 5.4, 6.7
and 6.8 in the textbook show how the sinx/x products are reduced
without having any effect on the detected phase modulation.
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Figurel6. The Response to 3PRK Modulation Showing a 1 cycle Phase Reversal.
The lower tracen Fig. 16is the recovered data clock. Missing cycles at the phase change edges
are clearly seen.

Vcce
33K 2 ‘ IZI Parallel Mode ﬁ
INDUCTOR FERRITE A
|:| 4-40pf DI KK
/1 -40
[ \ ;a i 01
s1.¢ 107 m ; U=
v 7 100 ¢ 5 L
N

Figure I7. Half Lattice Walker Shunt Filter VariationsThe seriesriductor may benecessary to
improve tuning-ange especially with overtone crystals.
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Adding a series capacitor or inductor as in A or B will alter the cryssainant frequency. Itis
usuallynecessary to add a series inductance to an overtone crystal to increase the
tuning range. See Figs.Zand 18.

Do not use general purpose transistors such as the 2N2222 in these
circuits. Use only RF transistorssuch as the BF240. There is capacity
feedback from collector to base in the shunt and bridge filters that
lowers the gain with frequency. Use a low gain per stage unless this
characteristic is desired.

12pf
bl ‘
s
g 33K -
,l% Parallel Mode
S
S Crystals
¢ c1 @
|_"1§_|:| 1-40 % 47

1-40 |:| g}

Figurel8. Bridge ( left ), Walker Shunt ( center ) and TRS ( right) filtArsinductance is often added
to lower the frequency and increase the tuning rafidpés is \ery necessary with overtone crystd)& not
use general purpose transistors. Use only HF RF transistors such as the BF240.

% 5V
100
L.GUH

“ N ]
-<u }_‘T { 01
‘ X 01
47 % 47

3pf %7

Figurel8(a). The floating brldge filter, which combines features of the Walker Shunt and bridge
filters, hasgood shoulder reduction with littlghase lossThere will be a 3810 percent phase
loss.The circuit maypbeamplitude anarystal sensitive. Third overtones work wélbte the
resemblance to FIFE. Replacing the 3 pf capacitor with a ground wection results in a

6l adder o6 filter.
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Parallel Res. Xtal
5T < 5T AV

1-40 L

1::0 / _|D,_vaj
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47pf 47pf
Fig.19. The Parallel TRS Filter Variationés gptimized for sideband reduction.

Useful versions of the parallel Transformer Reflected Sfilkeit are shown above.

When using overtone crystals it ynae necessary to use an inductance in series with the
crystal insteadof the47pfshunt capacitor. The shunt capaciisrused to force the operatipgint to

move to resemble a series circuitftwihe response seen in Fig.ih8tead of that seen Fig. 12.
Adding the inductance lowers the frequency and increases the tuning@aeg@ne crystals

have low tuning ranges. See pa@e & was necessary to add a .33uH series induct@diore60
MHz 39 OT crystals.
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Fig. 19a. The TRS filter whicltan be near balance tuned for best shoulder reduction. The
variation at the right has almost no phase loss using third overtone crystals. It is less
effective with fundamental crystals.
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Figure Bb. OvertoneT RS filter with large voltage output andry small phase loss.
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Figure 19c. The sideband nulling bridge filter. Unlike the other filters described above, this filter can be

operated athe amplitude peak, or atthe sidgp. o i n téx 66 oG, 6dd of Figld 7.1. When
dB shoulder reduction per stage, the filter can shlomostno phase loss as shown in Figs. 6.13 and 7.3,

and may even show a phase shift increase. Apparently there is no stored reference energytal.the crys

Figure 6.13 shows the minimal phase loss when cascading. Optimum adjustment is difficult and should

probably be tried with a sweep generator first.

The sidebands in the nulling filter are combined 180 degrees out of phase, hence can be #gdl adju
between the 180 degree phased inputs to cancel in the bridge circuit. In practice, the balancing pot sets the
level of sideband (shoulder) reduction.

Some measurements may lead experimenters to believe the phase shift obtained with UNB modalation is
result of the sidebands being in a quadrature relationship to the carrier as in the Armstrong method for PM

( Fig. 2.5 ). This is not the case as seen with VMSK ( Chapter 5 ), where there is no carrier, and as
evidenced by the phase shift between caama sidebands obtainable by off tuning the sideband nulling
filter. This phase shift difference between carrier and sidebands can rotate through 360 degrees with
minimal effect on the detected signal, thus proving the phase differences in the signdtarontiee
switched input and not from a relationship between sidebands and carrier as in Fig. 2.5. See Fig. 7.16. 1
KHz off tune can rotate the sidebands relative to the carrier by 90 degrees and there is little or no observed
loss of detected phase.

21



Series Emitter
Figure 19D. The series emitter filter.

Attempting to obtain too much sideband reduction per stage causes increased phase loss. !0 to 12 dB
sideband reduction per stage is obtained with minimal phase loss. Tuning for maximumdsigelgtion
possible per stage can cause the phase loss to approach the calculated line in Figure 6.13.

-10.0 dBm  LOG 5 dB/ 0®
>> NONAME trace: A manual

PN +180

B TN e

=180

32. 00000 MHz 10.00 kHz 1 kHz 3 kHz 1.0s
intref, manual manual manyal

Figure19E Amplitude vs Phase for the sideband nulling filt@his is an extreme case. See Figure 9a for
the typical ase.

The overtoneTRS filter has been found to be the filter of preferensice it has very
little phase loss and acceptable sideband rejectiorsome cases the series emitter
filter has performed better.

In biploar transtor circuitsTaking the signal from the collector is preferred to connections to the
emitter. Emitter load connections ofte feedback to detune the filter and cause a loss in shoulder
depth.

All half lattice based filterbave a long rise time ( group delay ) at the peak amplitogtnear zero
group delay response time to instantaneous phase changes slightly off resonapEgy. 9). BT is
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always = 1. For a single frequency, this means a near infinite Nyquist bandwidth for phase changes, but
a very narrow noise bandwidth, whicestablishes the reference, determined by the Q of the crystal.

B = IF Freq. T = 1/IF, for the phase relationship

For the amplitude relationship and noise bandwidth, the crystal Q is = Freq/3dB BMich isfrom
20,000 to 50,000s0 B = IF/Q and BT =1, so 1/T = IF/Q,or T = Q/IF.

Example: Using a filter at 60 MHz in a Cable TV modem with Ultra Narrow Band modulatitdre
signal is a single frequency at 60 MHz. The signal contains phase modulation which is detectable, but no
AM. There are naisable sidebands. ( Figure A2.14).

The phase response group delay this filter is equal to J= 1/f = 1/60MHz = 16 ns = 1 IF cycle. The
amplitude response peak group delg@ycrystal Q basedsee Eq. 1) is approximately T= Q/IF =
20,000/4(60MHz) =333 microsecondsValues over500 microseconds have beeneasuredat peak
resonance.

Fig. 9is the noise bandwidth of the TRS filter balance tun&te scale in Fig9 is 5dB per
vertical division. The phise is non linear and does not conform to thealin.Cor Gaussian curve
in Fig. 25. The response is also obtained when the drive capacitor in the shemntsfilarge,
otherwise Figs. @and 12 apply.

The filters cannot be used in this balanced condition. A dip at the right or left side is neteessary
retain a phase shift. See Figs. 9, 12 and 22.

Mo

Figure 20 The response of the TRS filter to 1 phase reversed cycle. This phase reversed cycle is
easily detected by the phase detector. The indicated group delay is 20 nanosecoA8dubtza

I F. For o6Ultra Narrow Bandd applications it
modulation is not lost as in Fig. 1.1%ee also Figure 13.
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Series Mode Xtal

Critical Critical

Figure2la

In Figure 2athefilter is shown using series mode crystahnsformer coupledriving a critical

load resistanceéit series resonance, the circuit is a simple voltage divider. The capacitance added
by a loadalthough very small, ha®me effect. The critical resistor must be trimmed to obtain
maximum shoulder reduction. Fundamental crystals perform much better than overtone crystals,
which lack tuning range. This is not the best filter for Ultra Narrow band use.

~30.0 dBn LOG 10 B/ s =
> NNAE trace:A auto

[ I S d NI

2400000 Mz  S0.00 Mz 1Kz 1Kz 1.0

s v | - —asieal

Fig. 22. Swept Respcxé.dfthe Series mode filters.

Near zero group delay is also available when the crystal is used in the series mode. The circuit
must be tuned slightly above or below series resonance to operateoptismum phase shift
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region.

shunting capacitorém crystal to ground ( Fig. 16

The TRS filter can be tuhéo have the parallel or series response by increasing the

Tuned at exactly the peak resonant point the circuit has considptadde lossvhich destroys
the modulationRefer to the zero group lag regions in Fig8. However, this circuit tuned to
peak responsehere there is excessive group detayn be used to obtain a steady reference for

phase detectors.

LC

ZQM Filter LC, LCX and Xt variations.
Figure23. The ZQM filter. There are three possible variations in the feedback .
TheZQM ( Zero Group Delay Q Multiplier ) filter is an unusual regenerative circuit in that it can

2

[

¢ 100

~

[]
fo-J 19
_”'_%1 LCX

Xt

be operated as a Q multiplier, or locked oscillator, by adjusting the variable resistor. When used
as a Q multiplier, just before it breaks into oscillationyilt have shoulders of 318 dB. The

feedback circuit determines the bandpass. The signal never passes through, or connects to, the
resonator. Frequencies outside the resonant frequency of the crystal ( such as the sinx/x products )
are returned as ne@at feedback, reducing the output level.

Figure 23A shows the measured groupddellql)u/rqlfl _t.hE ZQM filter when the Q is approximately 50.

200 .0

180.0p

100.0p

-100.0p

-1E50.0p

=-250.0p

1 Center 20 MHz

IFBW 700 Hz

Span 10 MHz 1

Figure 23A. Network Analyzer plot of ZQM filter showing zero group delay ( blue ).
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At 32 MHz, the cycle period T is 33 nanoseconds. At the 3 dB point on the response curve the measured
delay is 4.9 nanosecond®eyond that the group delay is negatiVkis filter could be operated closer to

the peak without serious group delay loss. Thgmitade is shown in yellow. The group delay of 1.2
microseconds at thaeak is too large for most UNB uses, but the group delay off peak is negative and
could have UNB uses.

%‘ 6T on .25 bead

- |}
optimize LA s
g
D_H_t_@ 7~ 140
o 32 MHz

‘ 7T on .25 bead

Figure 23b
This Feedback filter shows good results with Q =120t canbe used with NRAMSB or 3PRK
asapre filter. Did well with 2 MHz 3 dB bandwidth at 32 MHz using 3P&kd MCM
Shoulder reduction wad 6 dBwith minimal phase lossBe careful of second hormonic or
spurious higher frequency response. This was theldbifiiter found that did not adhere to the

T4 = Q/[IF] rule.Bandwidth is adjustable over a wide rangefortunately the filter is
level sensitive( try with FET )

The near zero group delay filters are not the same as the raised cosine filters, or
conventional LC filters. Thetransientgroup delaydue to vector addingan be as low as ore

cycle period, hence there is no upper frequency bound as long as the intermediate frequency can
be raised. The limitation would appear to be the resonator freguebrystalsas of Jan. 2010

appear to be limited in frequency to about 300 MHz. There is some comment in the literature that
SAW resonators might be usable at higher frequencies.

The crystal impedance plots and formulas fgafe also published by narous crystal and
SAW filter manufacturers. The group delay of the filteT js= [DF / (2p Df) ]. The group delay

in this discussion is not the differential group delay normally associated with SAW filters or
multi -pole filters.

Automatic frequency control using a PLL can be obtained from the filter shown in Fig 7.4. At
the peak there is a large phase shift with frequency. A phase detector used with a PLL will hold
the frequency at this cross over point. If the desired zero group delay operating plgfitlig

above this frequency all that is required is a filter after the limiter to be used with the PLL phase
detector to obtain a referend®&ssuming the filter crystals all have the same frequency drift with
temperature, the PLL circuit can correct femperature drift.
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A reference phasefor use with phase detectors can be obtained by tuning the reference to the
peak where the group delay is large and the modulation phase changes are no longer obtainable.
Either a series mode or parallel crystal dircan be used to obtain this reference.

The zero group delay filters do not have the same noise bandwidth as Nyquist criteria filters. The
noise bandwidth instead is related to the crystal circuit Q, which can be 10,000 or higher.
Cascading raises theparent Q with the number of cascaded stages so that a bandwidth of 1 kHz
at 72 MHz is obtainable. This can be seen in ERjwhere a 3dB bandwidth less than 1 kHz is
seen.

The filters normally used for CPFSK modulation methods ( all methods presentlg other

than Ultra Narrow Band methodsr methods with zero group delay filtgrare integrators, as

seenin Fig. 1. Fig 5 A, B, and C are examples of this type of integrating filter. Ultra Narrow
Band methods such as VMSK and MSB require filteith @as little group delay as possible in

order to detect the phase or amplitude change of a single IF cycle. D. E. and F are the equivalent
circuits. ( Note BT =1, T must be as small as possible to pass the abrupt phase change in one
cycle. This means afourse that B must be large and T must be small ). B is the Nyquist
bandwidth and not the actual filter bandwidth, which can be much narrower.

Overtone crystals can be used. Caution howevef,av&tone crystal will also show a response
at the fundanental and vice versalhe loading resistors and transformers can have an effect
on the responseThe higher the loading impedance the better.

Single pole LC resonators and crystals generally have abeélit #i8 drop off at the shoulders
per stage. ( se@rystal Response curve Fig.6 and Universal Resonance €kiye24 ).
Cascading will improve this. For example, 3 poles cascaded will have shoulders d60/B5
One should not be surprised however if the shoulders are o1llg 88 below peak foa single
stagewhen the components are not optimized

Better shoulders than this are available from both the shunt and autodyne filters by controlling the
transformer and/or inductance values and turns ratios. The TRS filter shoulders generally are
about-15 dB, but may have better shoulders with fundamental crystals and lower shoulders with
overtone crystals.

Overpbne crystals lack tuning range. ltusuallynecessary to add a series inductance to an
overtone crystal to obtain the necessary frequedfystmentThe inductance should be near that
which resonates ith the nominal shunt load capacity of the crystal. Bééo t eunability 0

below ( pp®).

These filters are analogous to phase locked loops where the noise bandwidth is narrow as
determind by the loop filter time constant, and the phase slew rate is also set by this time
constant. However, the phase change at the output of the phase detector ahead of the loop filter is
near instantaneous.

Crystals do not have a response similar to thevéisal Resonance Curve ( F&4). The
LC curve in Fig.24, which is also close to that of the Gaussian filienve has no
inflection point. ( See Figs ). Ordinary LC filters cannot have near zero group
delay. ParallelmodeLC (  gpis shownin Figure 24. The phase change, as plotted,
reverses fotheseriesmode Note the( U clangé for)a crystal in FigO1
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A filter having a response curve similar to the LC filter is the Gaussian Filter, which has
less phase distoam. The transfer functions for both are given. The Gaussian filter is
easily obtained using digital filters. When (Bandwidth) x (Rise Time) = ( BT ) = 1, the
filter has a 3 dB bandwidtBf andTy =[ 1/Df] = [IF] ( Page 2).

All ultra narrow band filtes have very broad shoulder bandwidths outside the narrow
bandwidth shown by the swept pattern. Also, overtone crystals have more than one
response peak. Some additional filtering is required to confine the wide open input
bandwidth to a narrower bandwidahead of these filters to prevent noise overloading, or
input at the overtone3his is the subject of another section below coveringfifiess.

(Filter Overload).

Hic () =exp -'er_fz 1o Hou(f) =-exp-1.38_[ 1/ (BTP] "

Amplitude

2.5 2.0 1.5 1.0 s o .5 1.0 1.5 2.0 2.5

Figure24. The Universal Response Curfee an LC.a = Q (cycles off resonance /
resonanfreq).

The group delay of this filter is determined fromTgy = Q/[IF] IFis the
filter freq. This is not a true representation of crystal phase vs frequency using the
Bridge, TRS or Shunt filters. Refer to Figs9 and11.

I nductors:

The load and coupling inductassownin the above circuits are low Q ferrites. The table below
shows the parallel resistance as measured on a bridge for a single wire through the center of EMI
snubber ferrites. Theesonant capacity for any frequency is essentially O gfpf, so that any

circuit capacity causes the circtotoperate at a frequency beld@ selfresonanceThe

impedance rises with the number of loops through the bead. 4 leads through theasas¢he
impedance by a factor 2. As an example, at 85 MHz, the measured impedance using a 9 mm
bead with 4 wires through the center was 1.45 k Ohm.
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Table 1.The impedance for a single wire through thderrite core. Not looped.
( EMI snubber beds ).

Size 9mm 5mm 3mm ( Panasonic beads ).
Freq.

24 MHz 70 40 25 Ohms

50 MHz 80 45 30

100 MHz 92 50 32

The FairRite .236 inch bead hasZa= 60 Ohms at 100 MHz.
When winding transformers and coils using beadslonutstry to keep the tuns
separated to reduce internal capacity and increase the self resonant frequency.

Half Lattice Filter Transfer Functions:

Amplitude:

o 1
Gl =AW 1+jQ(2 b/f.)

The amplitude response G(f) or A(f) of thalhlattice group of filters is shown in Figures 7.4 and 7.10.

Note that the Nyquist Bandwidth of this filter is = Intermediate Freq. = Sampling Rate, while the noise BW

is approximately 2 k Hz . pf is the frequency uaibnfisvalikferthea ance i n
TRS filter balance tuned ( Fig. 9 above ).

The UNB signal is:
H (1) =[Klsin(WOt +q ﬁ)] for pulse duationt ( 3PRK ), or phase 1 NRZMSB.

H(t) =[Klsin(Wot +9 -5/)] for remainder of bit period-t and phase 2.

The frequencyesponse is:

H(JVV) :[Sm('/gt + 67 + xt'ﬂ , Which is a single carrier frequengysfh i f t i ngw. i n phase

There is no correlation or mixing of the two H(t) components.

The phase response is:
H(f) = [0] For frequencies below resonance in fzesd

H () =[ 160 degeeﬁ For frequencies above resonance peak.

The group delay of the filter i5g = [DF/ (2P Df)].  During the periods t and-T or between phase one
and phase 2DF is zero, hence the group delay is zero. ( Chapter 6 ).

Signal Interference

In order for an ultra narrow band signal ( such as VMSK or MSB ) to be detected, the level must
be high enough to trigger a CMOS XOR gate or D flip flop phase detector to a positive on/off
state. For purposes of comparison, this is normally assumed to be a rail to rail input of 5 volts.
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The actual gate window using a 74HC, or AC chip is typically 0.1 volt located somewhere
between the specified 2.2,Vto 2.8 volts Viy. A 5 volt peak to pak input &fter a good limiter),
crosses this window with a wide margin and overcomes any noise on the input signal as well as
chip and power supply nois&ome limiter chips which can be used have built in quadrature
detectors so the above comment doasapply.

The interference most likely to cause a problem igtnfererhaving an amplitudeoltage level
large eough that, when added vectolyato the desired signal, will cause a large drop in the
phasor sum beyond the ability of thiter to handle it. See Fige5..

It can be seen from the Figu2&below that this AM level is dependent upon the filter and
limiter. The limiter reduces themplitude of thenoise vector and the equivalent vector from any
adjacent channels. In practites limiter marginis usually less than 2 dB.

Limiter Margin

A

Y I

Fig.26. Signal to noise relationship.

It is well known that the total interference level after a bandpass filter must be below the signal
level. That is C/N must be above 0 dB. S h a n n ofar & 2 levél sysim)t

AM and FM noise interference are present ahead of the limiter at the output side of the IF filter,
which is presumed to have a very narrow bandwidtiterference differing in frequency by a

wide margin will presumably not be passed. Interferetmsedn to the filter center will pass at a
level depending on the closeness to the filter center.

Standard practice requires that all filtering be done ahead of a limiter. This is because a negative
limiter margin will leave holes in the modulation dioethe excess AM level. However, if the

total noise level does not exceed the signal level, some additional filtering can be used after the
limiter. ( A positive Limiter Margin. )

Filter Overload:
This section is intended to provide guidelines to obtagnoptimum C/N ratio. It does not
imply that the UNB methods cannot be used withouffittering, but that the C/N will be

improved if a prdilter is used. In any case, given a signal that is strong enough to overcome all
noise sources, the signal damdetected, as indicated in Fig. 25 with a positive limiter margin
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: aSignalP r
SNR=(sin n)2 asSignalPowe m = =B- 90for 3PRKor +45 degrees for MSB.

EgeNoisePower
( Applicable to all2 levelphase modulation methods )
Signal Power/Noise Power = SNR = C/N feO8# degree or missing cycle modulation. For 3PRK
and MCM, (sin m) = 1.0 and C/N is equal tgrk

Noise pover bandwidth is the major concern. There are two noise sources to contend with.
Source I BW1 )is the noise and bandwidth associated with the ultra narrow band filter ( 1 kHz )
and source 2 BW 2 )is the noise source that comes in from the shouliléside thdfilter

bandpassAll bandpass filters have broad shoulders extending from O to infinity. This can be seen
in Fig.12.

The noise portion of the equation above becomes:
(Noise Power/BW) + (Noise Power/BW)

(Noise Power/BW) must be kept smalthat is- less than (NR)or the filter will be overloaded.
Assume there is a prélter, or post filter, that is less than 1 MHz wide and the shoulders are
30dB down. Then ( Attenuation x Noise Power/BW$ the factor that must now be used.

TheNP1 bandwidth assumed is 1 kHz, so the NP2 bandwidth could be 30 dB ( 1,000 times )
wider. Noise power is proportional to bandwidth, so thefifter could be 1 MHz wide at the 3
dB points. To allow a margin of safety, 6 dB is arbitrarily subtractedesoréfilter bandwidth
allowable is only 250 kHz.

Zero group delay prélters with bandwidths this narrow asvailable in the ZQM filter If used,

the lowest ( best ) C/N is obtainable. This has been measured to be better than for BPSK, where
SNR = CN, but the noise bandwidth is many times greater for BPSK than it is for MSB ultra
narrow band methodé For BPSK, BW = Bit Rate, for MSB = 1.4/ N kHz per stage )

( Note: The RF bandpass filter in a superheterodyne receiver iditiggrewider than the IF
bandpass ). It is also subject to the group delay rules. The RF filter ahead of the mixer
must not be too narrow.

Unless a proper bandwidth limiting filter is used, C/N and SNR measurements will be
falsely too highdue to interference coming fom the shoulders.

Given an ideal filter with zershouldercomeback, or, an out of filter bandpass region with

infinite attenuation, there is no problem with using a broadband noise source in testing, or with a
strong adjacent channel inferer. If the filter has only a limited level reduction at the sides, it can
cause a problem if the noise bandwidth used for the C/N measurements is too wide. Also the
signal plus noise power level can cause the filter circuit to go into limifiinis overload

problem can occur if there are manystrong interfering adjacent channels as well.

This is one of the reasons RF filtering is used ahead of the IF filtering in
Superhetereodynes.

Assume a single morpole crystal filter with a 3dB noise BW of 3 kHz, but only 16 af

shoulder rejection at the sides, and a CW error breakpoint at the dete@aiBofThe C/N will

be accurate as long as the noise bandwidth from the noise test set is less than 30 kHz. If the noise
bandwidth is 300 kHz, the noise power will overlahd filter by 10 dB and the measurement
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will be off by 10 dB. A CW interfering signal at +10 dB located at either side, will just cause the
signal to reach the break point. Noise power varies linearly with bandwidth.

3 MHz +30
300 kHz +20
30 kHz +10

\ / 0B
16 dB
3 kHz NP 0dB

Vol

This points otithe necessity for the narrowest possible noise bandwidtie &iput to the ultra
narrow narrow band filterand of course, the greatest possible off center rejection in the narrow
bandwidth filter itself. ( Or cascaded filters ). (Pxgal bandpassilfering).

Fig. 27.

It is almost impossible to make an exact calculation of the signal and noise relationships vs
bandwidth, since there are so many variables. About all that can be achieved in practice is to use
the known available mathematical relationshipsipriove the system overall.

Given this assumed bandwidth, stealders as shown in Figure 2hould be approximately 35

dB below the peak. This shouldexlue iseasilyobtainable with 2r morestages of the zero

group delay filters cascaded. An assumption is made that the noise at the filter input is balanced
between that passing through the filter and that passing around the filter at the filter output

This consideration is based on noise only. If there is a strong interfering signal outside the narrow
bandpass, this must be considered as well. Assume an interfering signal that is 35 dB stronger
than the desired signal. This signal would pass thramghadd vectorially to the desired signal,

with the result that the limiter could have a blank periodically, as seen ind=i26. The filter

should have shoulders lower than the expeptakinterference. Generally this is greater than 35

dB in practi@. Most UNB filters in use have shoulders that are at least 40 dB and sometimes 50
dB below peak.

When a strong interfering signal is present, consideration must be given to the IP3 values
associated with the amplifying devices in the signal ci{diueto Intermodulation and Cross
Modulation ).A MMIC device can become a very good mixer when one of the signals

approaches 0 dBm input level. See references [12] and [18]. If the interference always occurs at a
known location, it is best to trap it out beé allowing it to reach a portion of the circuit where it

can cause intemodulation, or limiter blardout.

Filter overload can occur for a different reasbhnerthan white noise. Suppose there are 5
channels of equal levels at the input. Then the fméak vector will be 5 times as large as the
single desired carrier vector. Most of the filters shown above have an active elerngaiar
transistor or FET. These devices have input limits. Beyond that limit they either saturate or cut
off. Assume lhe device can accept a voltage swing of 1 volt pp. This is fine for one channel at
that level, but once added channels increase the vector length, the device saturates and has a
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cutoff that destroys the desired data. The input level must be loweredtbe /& channel level
(14 dB) to prevent the effect ofnegative limiter margig.Fig. 25 ).

Do not overdrive any active device in the filter chain ahead of the limiter.
Limiting Noise Bandwidth:

Assuming 100 cycles per bit, each cycle has a pefio@dl microseconds for a 100 MHz

IF frequency. For a 1 Mb/s data rate, the bit period is 1 microsecond. If 3 cycles are
needed for the impulse, the group delay of the filter should not exceed .03 microseconds.
A normal Nyquistor Ideal filter, would require a 1 MHz bandwidth and a group delay of

Ty =[1/ 2Df] = .5 microseconds. The 3 dB bandwidth required for a Gaussian filter to
pass .03 microsecond ( 30 ns ) impulsesyis 1/ 4Df] ---- .03 = [1/4Df] or 0.12 =

[1/Df] , so Df = 8.5 MHz. It is desired to pass a3lcycle impulse through a much

narrower noise bandwidth, so narrow band Gaussian or LC filters cannot bsinsed

they introduce a considerable group delay increase.

Conventional filters have too much group delay.
For 3PRK modlation, a ZQM filter is the only practical pféter. For other ultra narrow

band methods, some group delay may be tolerdtedeneral, a conventional pfiter
with Q less than 4 is required.

Figure B shows the burst response time of a crystal used in the series mode where the
burst ( upper ) passes through the crystal. The crystal is caused to ring by the bursts
(lower ), with a rise to maximum leveédending on the Q of the crystal. The calculated
response is pure textbook ( normal group delay). The rise time is typically several
hundred microseconds. In this test, the crystal was being pulsed with 5 cycle bursts at a
266 kb/s rate. This characterésts used in narrow band techniques to obtain a reference,
which is not affected by the abrupt short burst phase change modutd®fig16.
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Figure 13 above shows tiBurst or Impuls€Response of the Shunt or TRS Filter to Multiple IF
Cycles The top trace is the input signal, the lower trace is the filter output for one stage. This
photo shows near zero group delay, sincectigeeno after impulse ringing or rise time at the start.

Fig. 30 Reverse Burst Responsgka filter withsomegroup delay. This is with 2 cycles

phase reversed in the IF stream. A slew-rBEe/Dt of 0.8/Dt - can be calculated from

this response. As long as the slew rate exceeds 1/10 radian per RF cycle, the signal can be
detected with a vg low BER. The filter in Fig30 requiresmore thar8 IF cycles to

complete a phase reversal.

Figure13 shows the amplitude response of both the bridge filter and the shunt filter tuned
to use the crystal in the parallel mode4 cycle burst at 24 MHz results in 4 cycles

being passed as seen in Fif3, with full amplitude being reached on trst cycle.

Allowing for the loading of the scope probes efite group delay is about30
nanosecondsbut can be less than 20 ns. It is not the calculated G2rbsaconds

according to thd gequation( Eq. 1) A Network analyzer will show 62.5 microseconds.

The calculated group delay for a conventional LC or Gaussian filters is traditionally:

Ty = [ 1/Df]/???bviously, a very narrow bandwidth conventional fiter has a very
large group delay. It is also related toQ. Tg= Q[4IF]. IF = Int. Frequency

As noted above, there is an associated equation for the rise time of the conventional
filter: T, =0.7/B, where B is the 3 dB bandwidth of the filter.

This is the time from 10% to 90% on the RC curveln practice it is considered to e = 1/B.

A conventional filter with 'B' = 2 kHz has a rise time of 350 microseconds. If the group delay is
too large, ( bandwidth too narrpwJitra NarrowBandmodulation busts will not pass through

the filter. The object of the burst tests of VMSK/MSB filters is to find filters that do not

obey this rule. They must have a very narrow noise bandwidth and a very fast rise time.
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