E% University of
OPEN (2} ACCESS BRISTOL

McGeehan, JP., & Bateman, A. (1983). Theoretical and experimental
investigation of feedforward signal regeneration as a means of
combating multipath propagation effects in pilot-based SSB mobile
radio systems. IEEE Transactions on Vehicular Technology, 32(1),
106 - 120. http://hdl.handle.net/1983/822

Peer reviewed version

Link to publication record in Explore Bristol Research
PDF-document

University of Bristol - Explore Bristol Research
General rights
This document is made available in accordance with publisher policies. Please cite only the

published version using the reference above. Full terms of use are available:
http://www.bristol.ac.uk/red/research-policy/pure/user-guides/ebr-terms/


http://hdl.handle.net/1983/822
https://research-information.bris.ac.uk/en/publications/3124ce26-f4c6-4ef7-8307-446d42ecf4ab
https://research-information.bris.ac.uk/en/publications/3124ce26-f4c6-4ef7-8307-446d42ecf4ab

IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. VT-32, NO. 1, FEBRUARY 1983

Theoretical and Experimental Investigation of

Feedforward Signal Regeneration as a Means

of Combating Multipath Propagation Effects
in Pilot-Based SSB Mobile Radio Systems

JOSEPH P. McGEEHAN axp ANDREW J. BATEMAN

Abstract—A technique is described, feedforward signal regenera-
tion (FFSR), to combat the effects of multipath propagation on VHF
and UHF pilot tone single sideband (SSB) mobile radio systems. Un-
like feedforward automatic gain control (FFAGC), FFSR suppresses
both the random amplitude and phase fluctuations in the received
signal. Extensive laboratory and field tests have shown that the opera-
tion of SSB at UHF frequencies is a viable propesition for both speech
and data communication.

[. INTRODUCTION

S A RESULT of the continually increasing demand for

mobile communication systems world-wide, a consider-
able amount of research and development has been undertaken
to establish spectrum efficient techniques and modes of in-
formation transmission. To this end, single sideband (SSB)
has been the subject of much investigation by several research
groups [1]-[3] in the U.S. and UK. for use in future mobile
radio links as a replacement for the FM and AM systems
presently used. The imposition of rapid random amplitude
and phase fluctuations on the received signal through the
severe multipath propagation conditions, as well as the need
for precise frequency reference in both the transmitter and
receiver, has led to the inception of pilot-based SSB within a
5-kHz channel spacing. The transmission of a constant amp-
litude pilot tone, together with the desired information,
provides an amplitude and phase reference which can be used
for the automatic frequency control of the receiver local
oscillators and for the pilot-based correction to counteract
the unwanted modulation effects of multipath propagation.
Unless suppressed, these random fluctuations can, at high-band
VHF and UHF, cause considerable distortion of speech and
data links. In the case of voice communications, the random
amplitude fluctuations result in the speech sounding chopped
or “gravelly,” while the frequency fluctuations introduce
“wow” and “flutter.” These effects are particularly disturbing
at UHF, where the random envelope fluctuations can occur at
the syllabic rate. Clearly, if SSB is to be accepted as a quality
carrier for the radiophone and private mobile radio services
throughout the mobile frequency bands, techniques for reduc-
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ing the multipath induced distortion must be established and
fully investigated.

With respect to AM type systems, various techniques have
been specifically developed or applied over the years to miti-
gate the effects of fading on channel quality. Feedback auto-
matic gain control (FBAGC) has been employed to remove the
slow log-normal variations in mean level of the received signal
which arise through changing transmitter/receiver distances
and gross variations in the environment surrounding the
receiver. Now it has been shown elsewhere [4] that FBAGC
of the exponential integrator type can only suppress fading
adequately in the presence of audio information if it occurs at
rates of less than a few Hertz. Furthermore, it has been shown
that any attempt to suppress fully the more rapid fluctuations
due to multipath propagation can lead to fading enhancement
or, in the limit, loop instability, as a result of the inherent time
delay in the AGC control loop of a pilot tone SSB receiver.

Diversity as a means of reducing multipath interference
has been well documented [5], [6] and offers a partial solu-
tion to the problem by reducing the dynamic range of enve-
lope fluctuations and improving the signal-to-noise (§/N) ratio.
The implementation of such systems normally involves the use
of multiple transmitter or multiple receiver aerial systems,
together with special combining circuitry and, as such, can be
prohibitively expensive.

Recent research by McGeehan and Burrows [7] into feed-
forward methods of gain correction, as distinct from feedback,
has led to the development of feedforward AGC (FFAGC)
which is capable of suppressing the fast envelope fading rates
which can occur at high-band VHF and UHF. The system has
been well documented and a detailed study of the perform-
ance limits undertaken. While providing adequate suppression
of the random amplitude fluctuations, the technique has no
effect in reducing the distortion due to the remaining phase
fluctuations. In order for feedforward techniques to operate
satisfactorily, unambiguous information describing the magni-
tude and phase of the multipath induced distortion must be
extracted. The fading information has been shown [8] to be
contained within the narrow bandwidth of twice Doppler
frequency. Therefore, provided there isadequate separation be-
tween the pilot tone and its neighboring information compo-
nents, it is possible to separate, by suitable filtering in the re-
ceiver, the spread pilot from the spread audio components with-
out fear of spectrum overlap.
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The operation of removing only the amplitude fluctuations
with FFAGC (or, for that matter, removing just the phase
fluctuations by heterodyne phase stripping in certain diversity
techniques) results in significant spreading of the pilot and
speech components outside the range of twice Doppler as
shown schematically in Fig. 1(a) and (b). This makes it dif-
ficult or even impossible to extract the pilot tone components
for subsequent processing and complicates the removal of the
pilot tone at the receiver output. Moreover, the subjective
distortion arising from the remaining amplitude or phase
fluctuations is enhanced and noticeably degrades the quality
of the received output signal. However, by removing both
the amplitude and phase fluctuations simultaneously, the pilot
is regenerated as a single frequency component, thereby
making the extraction and removal of the system reference
tone in the later stages of receiver processing a relatively
trivial affair. Such suppression of the imposed random modu-
lation gives rise to the possibility of a high-quality low-distor-
tion voice communications channel and an improved bit
error rate performance in mobile data transmission systems.
The generic name of such pilot-based correction systems has
been designated by the authors as feedforward signal regenera-
tion (FFSR).

In a recent paper by Leland and Sollenberger [9], a purely
theoretical treatise of one such combined amplitude and phase
correction system is given. The analysis assumes an idealized
SSB channel, incorporating perfect system components, and
concentrates upon the distortion introduced into such a sys-
tem by frequency selective fading, cochannel pilot interfer-
ence, and limits of the available gain correction (a mechanism
similar to the threshold suggested by Burrows and McGeehan
[10] for use with FFAGC). The analysis also encompassed the
use of such a system with post-detection diversity as a means
of improving the S/N performance.

The work presented in this paper is concerned with the
engineering and analysis of FFSR for use in VHF and UHF
mobile radio systems. Provided good correlation exists be-
tween the fading statistics of the pilot tone and that superim-
posed on the information signal, almost total suppression of
the unwanted amplitude and phase fluctuations is shown to
be obtainable. It is anticipated from the laboratory and field
trials conducted, that with the possible addition of diversity
to improve the S/N performance at low signal strengths, a
high quality voice and data communications link at carrier
frequencies up to 1 GHz can be established. In this context,
besides removing the multipath induced distortion, FFSR will
be shown to eliminate any frequency offset that may arise due
to inaccuracies in the transmitter and receiver local oscillators.
This allows the performance specifications of these oscillators
and corresponding frequency control loops to be relaxed
somewhat, thereby reducing system complexity and cost.

The FFSR processing is performed entirely at audio fre-
quencies and can be readily integrated using current metal-
oxide-semiconductor (MOS) technology in a dedicated form
or, as pursued by the authors, in a software from using Intel
2920 analog microprocessors. The system described is com-
patible with all four types of pilot SSB currently under investi-
gation: pilot carrier, tone-in-band, transparant tone-in-band
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Fig. 1. (a) Received fading spectra. (b) Spread pilot and modulation
spectra due to removal of either amplitude or phase fluctuations.

Component

(TTIB) [11], and tone-above-band. However, for optimum
performance in the fading environment at UHF and above, the
use of transparent tone-in-band is shown to be preferable. Ex-
perimental results are presented from field tests conducted in
and around the city of Bath with a 457 MHz TTIB SSB com-
munications system.

II. PRINCIPLES OF FFSR OPERATION

To illustrate the salient features of FFSR operation, a
mathematical description of the received fading signal y,(¢) is
utilized, where

yit) = Ex(t) cos (wqt + wpt + y(t))

+ Sx(f) cos (wt + wgt + 3(1)). (1)
The random amplitude modulation is represented by x(¢) and
the random phase modulation by y(f). wp and w; are the
angular frequencies of the pilot tone and audio signal com-
ponents, respectively, with £ and S the corresponding ampli-
tudes. w, represents an IF frequency of the receiver. The
action of FFSR is to generate a control signal n(¢) at a second
intermediate frequency w, given by

n() = cos (wot +¥(2)), (2)

x(®)

where C is a constant. By using n(¢) to mix down linearly
the received signal y,(f), an output signal yo(¥) is generated
with both the unwanted random amplitude and phase varia-
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tions, x(¢) and y(¢), removed:

EC
yo®) = —E cos (wpt + (wy —wy))

(3)

SC
+ 7 cos (gt + (W — wy)i).

If the receiver is configured such that w; equals w, in the
above expressions, the required signal is demodulated to base-
band.

[II. IMPLEMENTATION OF FFSR

In this section, two methods of implementing FFSR are
described. The first technique operates at an intermediate
frequency in the receiver and can be used with all types of
pilot tone SSB currently being investigated. The second tech-
nique operates on the demodulated output of the receiver and
can be regarded as an add-on convenience circuit. Its use is,
however, restricted to tone-in-band, TTIB, and tone-above-
band systems.

Method 1

A block diagram of the processing required is shown in
Fig. 2. Let us assume that the signal at the input to the circuit,
point A4, is of the form:

g4 = Ex(t) cos (w1t + wpt + wet + ¥(1))

+ Sx(t) cos (wgt + wit + wet + ¥(1)), )
where w, represents the angular frequency error in the re-
ceiver IF frequency w;. After mixing and filtering to extract
the fading pilot tone, the signal at point B is given by

g(t)p = Ex(t) cos ((wy — wy)t

+ wpt + wet + (@) lt—>t—Ta' (5)
Providing that the amplitude of the pilot envelope is above a
predetermined threshold level, then the action of the proc-
essing within the block Z is to generate a control signal at
point C of the form:

M
gt)c = —— cos ((wy —wy)t + wpt

x(1)

+ wet+y(t))|t—>‘t—7'a—rc, (6)

where M is a constant. If this control signal is now used to
mix down linearly a delayed version of the input signal to the
circuit, then the regenerated signal at point D is given by

ME
gp = ?cos Wyt

@)

MS
+ 7 cos (wgt + (wy — wp)t) It—>t—7'b——7'ds

provided that the time delays in the upper and lower signal

IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. VT-32, NO. 1, FEBRUARY 1983

Deley Ty

Corrected
Qutput

Fig. 2. FFSR processing—method 1.
W
Demodulated Delay Ty, Delay Te
Inpul z
A nd Corrected
Fa Output
Pulay Ty Delay T

Fy

Fig. 3. FFSR processing—method 2.

paths are matched, ie., 7, =7, + 7.. If w; = w,, then the
resulting output signal is correctly demodulated to baseband.
For pilot carrier SSB systems, w, = wp, = 0 and the first
mixer and oscillator in the control path can be removed.

Method 2

The operation of this particular form of FFSR circuitry
is best understood by reference to Fig. 3. If the demodulated
input at point A4 is expressed as

h(t)4 = Ex(t) cos (wpt + wt +¥(1)
®

then the fading pilot appearing at the output of the bandpass
filter, point B, is

+ Sx(2) cos (wyt + w,t + ¥(1)),

h(f)p = Ex(2) cos (wpt + wet + Y()) ltws—7,- 9

Provided that the pilot envelope amplitude is above the thresh-
old level, the control signal generated at point Cis given by

M
h(t)¢ =E Cos (‘—’th + Wt +¥(O) lpo e Ta—Te" (10)

The frequency translated input signal at point D after filtering
is

h()p = Ex(t) cos ((wp + W)t + wet + ¥(2)

+8x(1) cos (wyt + wyt + w,r + () It—>t—7'b—7'd

(1D

which, after mixing with the control signal, h(#)c, results in
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a filtered output:

EM
(g = 7005 Wyt

ES
+ "2—(305 (wgt + (wy — ‘-’Jp)t) lf—”‘"b"’d“"e’

(12)

provided the condition (7, + 7.) = (75 + 74) is satisfied. With
w3 = Wy, the output signal is demodulated to baseband.

It is noteworthy that both methods of implementation re-
move any frequency error w, from the input signal, thus com-
pensating for any receiver mistuning arising from local oscil-
lator drift in either the transmitter or receiver. While this
property may not be a significant factor at HF and VHF, the
problem of oscillator stability at UHF is paramount. Without
the use of FFSR processing, the necessity of maintaining fre-
quency errors to within a few Hertz, desirable for high quality
speech communication systems, requires complicated and
expensive synthesizer and frequency locking techniques.

Fading Pilot Tone Processing Module Z

The pilot tone processing denoted by the module Z in Figs.
2 and 3 can be performed in several ways depending on the
type of implementation and application for which the FFSR
system is intended. Fig. 4(a) and (b) shows two of the possible
configurations which have been investigated experimentally.

The processing shown in Fig. 4(a) makes use of a full wave
rectifier and low-pass filter to extract the pilot tone envelope.
If the input signal at point &, representing the fading pilot, is
assumed to be of the form

P(1)g = x(t) cos (w, + ¥(1)). (13)

then after full wave rectification the signal becomes

P(t), = k(x(r) + components centered at 2wp, 4y, ).

(14)

where k is a constant. Subsequent low-pass filtering extracts
the envelope of the rectified signal giving

P(), = k(x(1)) ly—2—1- (15)

At this point in the circuit, the threshold circuitry operates
to give a signal at point 4:

P(t)g = k max {x(1), Uen} leo -7 (16)

where vy, represents the threshold level and max {-,-} is
defined as the larger of the two arguments on an instantaneous
basis. The resulting control signal is thus
x(7) cos (wpt + ¥(1)

k* max {x*(¢), tn 2} lrorr

Pt), = (17
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which for x(¢¥) > vy, becomes

!

P, = x1(<_t) cos (wpt + YA lts1-7 (18)

The second method of implementation for the module Z
as shown in Fig. 4(b). uses a squaring detector for envelope
extraction. If the configuration is subject to the same fading
pilot input signal described by equation (13), the output of
the mixer at point 2 is then

P(t), = k(x2(t) + x*(£) cos Awpt + ¥(1))- (19)
After passing through the low-pass filter to remove the 2w
term,

P(t)e = kx*(t) It rs (20)

which means that the signal at the output of the threshold is

P(t)g = k max {x2(), vyn}s>r—7s (21)
resulting in a control signal
k'x(t) cos (wpt + ¥(1))
P(f), = - (22)

max {x*(7), Uht  li>t—17

For x2(r) greater than the threshold level vy, the control
signal becomes

'

k
P(t). =x—(5 Cos (wpt R4 (9) ) PRI

(23)

Both of the Z modules described generate the same control
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signal P(t),. However, due to the squaring action of the en-
velope processing in Fig. 4(b), the resulting dynamic range
requirements, measured in decibels, for the subsequent cir-
cuitry must be doubled in comparison with that used in the
alternate processing arrangement of Fig. 4(a). The justification
for using “squarer-type’’ envelope detection lies in the restric-
tion of the generated harmonics to within twice the pilot
tone frequency and, as will be shown later, the restriction of
the harmonics of the envelope term x2(f) to within twice
Doppler frequency. The frequency spectra for the envelope
and (envelope)? of a fading tone recorded in the field are
shown in Fig. 12. In contrast, the full wave rectification pro-
cess generates infinite even order harmonics of the pilot tone
with the phase error y(¢) superimposed and results in the
significant harmonic content of the envelope x(¢) extending
to several times the Doppler frequency. These effects make it
difficult or impossible to separate the pilot envelope com-
pletely from the pilot tone related harmonics.

IV. PERFORMANCE SENSITIVITY FOR A NONIDEAL
FFSR SYSTEM

In this section, the performance of an FFSR system is
analyzed when the system contains nonideal circuit elements
and when the system itself is contained within a nonidealized
SSB receiver. ,

In the urban mobile radio environment, a line-of-sight path
betwéen transmitter and receiver seldom exists, and the
received fading pilot tone has its spectrum smeated to the
familiar U shape, as shown in Fig. 1(a), by multipath propaga-
tion effects. The components of greatest magnitude occur at
plus and minus Doppler frequency. For this reason and in an
attempt to use a worst-case test signal for sensitivity analysis,
the pilot tone when subject to multipath fading is assumed to
be operated upon by M where

IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. VT-32, NO. 1, FEBRUARY 1983

follows:

M(P(H)) = E(1 + R* + 2R cos 2w4t)'/?

_f sinwgt — R sin wgt
" COs | wpl —tan :
coswgt + R cos wyt

(27)

The envelope term which is given by

x(t) = E(1 + R? + 2R cos 2wy1)!/? (28)
consists of an infinite number of harmonics occurring at
multiples of twice Doppler frequency. However, by squaring
the envelope function to give

x2(t) =E*(1 + R% + 2R cos 2wgt), (29)
the resulting frequency spectrum is contained within twice
Doppler as required. It is easily shown that, for a signal con-
taining an infinite number of tones within the range twice
Doppler, the frequency components of the envelope squared
are also contained within twice Doppler frequency.

By applying M(P(¢)) as the input signal to the FFSR proc-
essing shown in Figs. 2 and 3, it is possible to analyze the ef-
fects of nonconstant passband gain and deviations from
linear phase for the bandpass filters F;, and F, and time
delay mismatch between the upper and lower processing paths
as follows.

Let us assume the filter characteristics of F; and F, are as
shown in Fig. 5(a) and (b). With reference to Fig. 3, the pilot
tone after filtering by F; is given by

MP(1)) = EA; cos (wp — wg)t — T4 —T41)

M(f(t))=f(t)|w—>(w—wd) +R(f(t))[w-—>(w+wd)- (24) + ERA, cos (wp + W)t — 7, = T42), (30)
If the received pilot in the absence of fading is given by which can be rewritten as
P(t)=E cos wpt, (25) M(P(t)) = s(1) cos (wpt — u(?)). (31)
then under the influence of the operator M, the pilot is modi- where s(¢) and u(¢) are given by
s(t) = EA;(1 + R?A% + 2RA cos {2wgt + (wp — wa) (7 + Ta1) — (wp + wa)(Tg + 742)1)/2 (32)
sin (wgt + - + — RA sin t— + +
u(t) = tan—? (wg (wp — wag)(7a + 741)) sin (wgt ~ (Wp + Wa)(7a + 742)) (33)

cos (wqt + (wp — wa)(Ta + 741)) + RA cos (wgt — (wp + wa)7g + 723))

fied to
M@P()) = E cos (wpt — wal) + RE(wpt + wyt). (26)

For convenience in the ensuing analysis, we reformulate this
equation as an amplitude and phase modulated carrier as

with4d =A,/4,.

After being processed by the module Z, the resulting de-
layed control signal at point C of Fig. 3 for s(#) above thresh-
old level is

1
MEPO)e = = <05 (wpt =4O |1, (34)
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A similar treatment of the translated signal at point D yields
MP@)p = e(t) cos (wrt —q()) lr>1—ry4 (35)
where e(?) and g(¢) represent
e(t) = EB;(1 + R2B? + 2RB cos {2wgt + (w, — w7 + Tp1) — (p + wg)(1p + Tp2) )2 (36)

_; | sin (wat + (@, —wa)(Tp +751)) = RB sin (wqt — (w0, + wa)(7p + 7p2))
q(?) = tan (37)
cos (wgt + (w, — wWad(7p T 7p1)) + RB cos (wgt — (wp + wa)(Tp T 752))

with B = B, /B and w, = w, + w;. Defining modulation depth J as
If we assume that the time delays 7. and 74 can be equal- ) " i
ized, then the regenerated signal obtained by linearly mixing j= maximum pilot amplitude (41)
M(P(t))¢ and M(P(2))p and filtering out the sum term, is minimum pilot amplitude
e(f) or, alternatively,
M@P(e))g = — cos (wat +u) —q() lt-t-1, (38)
E7 s T J (dB’s) = 20 log, o (), (42)
where T=7, + 7, =74 + Te. then the modulation depth of the input signal M(P(z)) from
The regenerated envelope #(¢) is consequently (27) is given by
» e(t) Ay (1 +R*4% +2RAcos {Qugt + (wp — wa)(7, + 741) = (wp + wa)r, + 1,)N? (39)
F ==
s(t) By (1+R*B* +2RBcos {(2wgt + (@, —wa)Tp + 7p1) = (wr + wa)(Tp + Tp2)D'/?
and the residual phase error v(¢) given by
ut) =u@) —q®)
oo | i (at + (0p = wa)(ra + 7a1)) = RA s (wat = (wp * waX(Ta ¥ Ta2) l
= tan
cos (wgt + (‘*’p —wWgX1s + 741)) T RA cos (wgt — (wp + w7y + 722))
ran-11 40 (wat + (wp = wa)7p + Tp1) —RB sin (wat —(wWp + wWalTp + 751)) | (40)
— tan
cos (wat + (wp — wg)(Tp + Tp1) + RB cos (wat —(w, + wal(7p +7p1))
A. Residual Amplitude and Phase Modulation (1+R*+2R)1/2 1+R 43)
| = = 4
H

Let us now compare the regenerated pilot tone with the T (+RY=2R)Y*  1-R
fading input pilot tone and for ease of comparison, the ampli-

tude and phase terms will be considered separately. and the modulation depth of the regenerated output signal
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M(P(t))g is shown in Appendix I to be
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I 1 —GH cos (a—B) +/G?*H? cos? (a« —f) —G2H? + G® + H? —2GH cos (e — f)

= 44
1 —GH cos (e —B) —~/G2H? cos? (a — f) — G*H? + G* + H? —2GH cos (« — ) (44
when where
G = _ZRiA_ (45) = (wp — wa)Ta1 — (Wp + WalTa2 (53)
1+R%4%

corresponding to the total phase error, introduced by the
2RB filter F;, from the linear phase response at the frequencies
H= | + R2B2 (46) (wp — wg) and (wp, + wg). The results obtained from the sim-
ulation for the maximum frequency deviation of the regen-
_ erated output with respect to the filter passband ripple A and

o= - + - + +
(@p = walra + 7a1) — (wp + wa)ra + 7a2) (47) the phase error @ are depicted in Fig. 6 at modulation depths
8= (wp — wa)tp + T51) — (w0 + wa)Ts + To2). (48) of 10, 20, and 30 dB. The results are normalized by the maxi-

Regarding the residual phase modulation v(¢), it is more con-
venient and perhaps meaningful for analysis purposes to
express it as an instantaneous frequency deviation d(¢) from
the required single frequency component, w,. For the input
signal M(P(1)), it is shown in Appendix II that the input
deviation is given by

(1—R*)wqy
di(t) = ——— (49)
1+ R* + 2R cos 2wyt
with the maximum value
d R (50)
¢4 =— Wy-
l( )max 1—R d

The corresponding instantaneous frequency deviation of the
corrected output, do(z), is given by

(1 —R*B%)wy
1 + R?B? + 2RB cos (w4t + )

do(t) =

B (1 —R%4A%)w,
1+ R?A% + 2RA cos Qwgt + @)

(1)

No readily determinable analytic solution exists for the
maximum value of dg(#), although the magnitude for specific
values of 4, B, «, and B can be found by computer simulation.
This has been performed for the specific and simplified case of
B =1 and 15, = 7p, = 0, corresponding to the processing
shown in Fig. 2 with the filter F, replaced by a perfect delay
element such that 7, = 7,. The instantaneous frequency
deviation for this case is given by

(1 = R*)wgy
T 1+ R? + 2R cos 2wyt

do(?)

(1 —R24%)wy,
1+R?4% + 2RA cos 2wyt +0) limrr,

(52)

mum instantaneous frequency deviation of the input, as given
by (50). A similar set of curves, shown in Fig. 7, for the
residual modulation depth can be obtained from (44), by
making the following substitutions:

2R

H= - (54)
1+R”

a=19 (55)

g=0. (56)

If, for example, it is required that a fading input signal, having
a 30-dB fade depth, be regenerated to a single tone with maxi-
mum amplitude modulation of 3 dB and instantaneous fre-
quency duration reduced to, say, a third of that at the system
input, then appropriate constraints on the characteristics of
the pilot filter F; are that the phase deviation from a linear
phase response be less than 2°, i.e., § = 0.035 radians, and that
the passband ripple be less than 0.15 dB, i.e., 4 = 1.0174.

B. Pilot Filter Stopband Requirements

The filter stopband requirements§ can be specified in terms
of the permissible output envelope modulation and residual
instantaneous frequency deviation, when subject to an inter-
fering speech or data component (lying within the filter stop-
band) of the form

(37

xi{(t) =1 cos (w;t + ),

where w; is the frequency of the interfering signal and 7 is the
peak amplitude of the interference at the output of the filter.
The effects of such an interference on the frequency deviation
of the regenerated signal are complex and not considered
further here. The contribution to the residual amplitude mod-
ulation is, however, more readily determined.

Assume that the envelope of the pilot signal is given by

x(f) = E(1 + R?* + 2R cos 2wyn)'/? (58)
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such that the maximum and minimum values are

X(Omax = E(1 +R)

X()min = £(1 —R). (59)

The effect of the interferer is to modify these values to give

X{(Omax =E(l1 +RA )

Xi(Omin =E(1 —RA), (60)
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where 4 is given by
A=1+1 (61)
ER

The resulting envelope modulation of the FFSR output has a
maximum modulation depth J, where

1—R 1+RA4

—_— 62
1—RA 1+R ©62)

Jo
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From (61) and (62), the value of 4, and hence the maximum
pilot-to-interference level £/ permissible for a given modula-
tion depth, can be calculated. Alternatively, 4 can be obtained
directly from the zero phase error curves shown in Figs. 7(a)-
(c). For example, to ensure a residual modulation depth of less
than 3 dB for a 30-dB input fade depth, the above expression
gives a pilot-to-interferer ratio £/ = 0.0175, corresponding
to a required stopband attenuation of greater than 35 dB with
respect to the pilot tone level.

C. Decorrelation Resulting from Receiver Prefiltering

So far, our theoretical analysis has made no provision for
imperfections in the receiver processing. The major source of
error to FFSR operation is decorrelation between the random
modulation impressed upon the pilot reference and that
impressed on the transmitted speech or data signal; it is almost
entirely attributable to the IF crystal filter. A typical SSB
filter characteristic is shown in Fig. 8. By making the following
substitutions, (44)-(46) and (51) can be used to calculate the
depth of residual modulation and instantaneous frequency
error of the regenerated output arising from the imperfec-
tions in the IF filter response:

A =P,/P, (63)
B=M,/M, (64)
o= (wp —wa)7p +7p1) = (wp +wWgX7p +752)  (65)

B=(wm —wa)Tm +7m1) = (W T @a)(Tp T Ti2)-

(66)
If it is assumed that the differential group delay across the
frequency band of twice Doppler is insignificant compared
with the differential delay between pilot and modulation com-
ponent m(t) and, furthermore, that the amplitude response at
the pilot frequency is flat, then the expressions can be simpli-
fled to

A=1 (67a)
B=M,/M, (67b)
a=0 (67¢)
B=—2wa(Trm —Tp)- (67d)

Using the expressions, the FFSR output envelope modulation
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depth and maximum instantaneous {requency deviation
can be obtained directly from the graphs in Figs. 6 and 7,
where B represents the filter passband ripple and § the effec-
tive phase error from a perfect linear phase response.

Clearly, the decorrelation effect will be most pronounced
for those modulation components positioned at the extremi-
ties of the IF filter passband. If the pilot reference is posi-
tioned close to the filter edge, as is the case in pilot carrier
and tone-above-band SSB systems, the decorrelation, and
therefore the residual modulation, of the regenerated modula-
tion components over the central portion of the passband, will
be particularly enhanced.

Consider the case of a tone-above-band system designed to
operate in a 5-kHz channel spacing with a typical IF crystal
filter characteristic as shown in Fig. 9. Assuming an audio
bandwidth of 300 Hz-3 kHz and a pilot positioned at 3.2 kHz,
the corresponding group delay error between the pilot and a
modulation component centred in the audio band at 2 kHz is
approximately 250 us. Moreover, for a Doppler frequency shift
of 50 Hz, corresponding to a vehicle speed of 112 km/h at
457 MHz, the measured filter roll-off at the pilot frequency
could lead to an actual passband ripple of about 0.5 dB. In
consequence, the output modulation and frequency deviation
for a modest 20-dB input fade depth can only be reduced to
8 dB and by a factor of 0.2, respectively. The decorrelation
due to prefiltering can be compensated for by the incorpora-
tion of suitable amplitude and phase equalization filters prior
to the FFSR circuitry. Furthermore, the degree of decorrela-
tion can be reduced before the application of such equiliza-
tion techniques by using a wider IF filter and frequency offset
schemes [12]. However, by placing the pilot in the central
region of the band, the pilot and modulation components will
have excellent correlation over the frequency range from 500
Hz to 3 kHz.

V. FFSR CIRCUIT IMPLEMENTATION

For SSB to be a viable commercial proposition, the major-
ity of the signal processing is performed at audio frequencies,
and the emphasis in our circuit design has been toward an
integrated system, involving in these early stages of develop-
ment an analog microprocessor.

Clearly, complete system integration may, through eco-
nomic constraints, ultimately lie in dedicated hardware circuit
integration as opposed to the more flexible software imple-
mentation. A schematic diagram of the actual FFSR system
implemented is shown in Fig. 10.

Due to the stringent requirements placed on the pilot tone
extraction filter £, in terms of phase linearity, passband rip-
ple, and stopband attenuation, a dedicated integrated circuit
incorporating a 64-tap nonrecursive bandpass filter has been
utilized. The subsequent pilot tone processing and final
demodulation are incorporated within the microprocessor, an
Intel 2920-16. The envelope detection is of the squarer low-
pass filter type described previously and is designed to mini-
mize aliasing resulting from pilot tone harmonics. The enve-
lope filter is also a nonrecursive transversal configuration to
achieve linear phase response. Time delay 7, is introduced to
equalize the delay in the filter F5. The sum frequency term
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generated in the final demodulation is removed by the external
low-pass filter to give the regenerated output at baseband.

The requirement for a variable threshold in the envelope
processing path has been outlined in an earlier paper by
McGeehan and Burrows [7] when dealing with random gain
modulation in FFAGC systems. With no imposed threshold,
noise bursts occur at the receiver output as the pilot fades into
the noise flow at low signal strengths. By limiting the gain of
the FFSR processing with a variable threshold, the effect of
random modulation and noise bursts are greatly reduced. An
additional technique for improving the low signal strength
performance of FFSR is the deployment of syllabic ampli-
tude companding [13]. [14]. This can reduce interword noise
bursts and improves the apparent S/N ratio during syllables.
The merit of dual threshold and companding systems are dis-
cussed further in the following section.

VI EXPERIMENTAL RESULTS

Using the prototype FFSR circuit described thus far, ex-
tensive laboratory tests were performed using a two-tone test
signal and a Rayleigh fading simulator [15]. Furthermore,
field trials were undertaken in and around the City of Bath
with the FFSR processing incorporated in a TTIB SSB mobile
communications system operating at 457 MHz. Limited trials
with an identical SSB processing system have also been con-
ducted at 942 MHz.

In order to verify the theoretical performance of FFSR
outlined in Section IV, measurements of residual amplitude
and frequency modulation were taken for various simulated
values of amplitude ripple and phase error in the pilot tone
bandpass filter. A wide-band phase-locked loop was used to

track the phase deviations of the corrected output, the VCO
control voltage providing a direct measure of the instantaneous
frequency deviation. The experimentally determined points
are plotted together with the theoretical curves in Figs. 6 and
7, and excellent agreement between theory and practice is
observed over the operating range of the prototype FFSR
circuit, typically 35 dB and 100 Hz Doppler.

Field trials have shown that the use of FFSR in the multi-
path environment can give a marked improvement in the
quality and intelligibility of voice communications. At the
higher signal strengths (>30 uV EMF), the distortion oc-
curring as a result of the residual random amplitude and
phase fluctuations is negligible, while at low signal strengths
(<10 uV EMF), the use of a threshold to reduce the noise
bursts and amplitude companding to improve the subjective
S/N performance further give rise to a much increased intel-
ligibility for the SSB system. With the threshold disengaged,
the subjective performance of the 942 MHz SSB system under
low signal strengths is not dissimilar to that described by Ar-
rendondo and Smith [16] for an 850-MHz FM mobile radio
system under low signal strength conditions. By engaging the
threshold, noise bursts occurring with the SSB systemn can be
greatly reduced with subsequent improvement in subjective
performance.

Preliminary data tests using 1200-baud FSK and DPSK have
shown that the ability of FFSR to remove the random ampli-
tude and phase fluctuations will substantially reduce the error
probability in SSB systems, particularly as the Doppler fre-
quency shift increases with the use of SSB at 900 MHz and
above. These measurements together with the relevant theory
will be the subject of a further publication. The outcome of
an interesting series of benchmark tests are depicted in Figs.
11(a)-(1). Figs.11(a), (b), and (c) show the time waveform and
corresponding instantaneous frequency deviation and fre-
quency spectra of a pilot tone recorded in the field using a
457 MHz SSB system. The average Doppler frequency over the
run duration is 25 Hz. The remaining waveforms in Fig. 11
illustrate the effect of processing the fading pilot tone wave-
form in Fig. 11{a) with feedforward AGC, feedforward AFC,
and FFSR circuits. Figs. 11(d)~(f) and (g)-(i) clearly show that
while FFAGC and FFAFC compensate for amplitude and
phase fluctuations. respectively, the corresponding phase and
amplitude waveforms are, if anyvthing, slightly worsened as a
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result of spectra spreading. The spreading effect of FFAGC
and FFAFC may be observed by comparing Figs. 1 1(f) and (i)
with Fig. 11(c). The output frequency spectra of the FFAFC
circuit, shown in Fig. 11(i), is particularly revealing; in re-
moving the random FM from the received signal, the pilot tone
has been left with two “sidebands™ from the remaining ran-
dom amplitude fluctuations. If the waveform sets described
hitherto are now compared with the corresponding waveforms
obtained with the FFSR system in circuit, the potential of
utilizing UHF pilot tone SSB communications is immediately
realized.

VII. CONCLUSION

The FFSR system described has been shown to be capable
of successfully combating the rapid amplitude and phase fluc-
tuations which occur as a result of the severe multipath pro-
pagation in the mobile radio environment. Furthermore, it can
eliminate frequency errors which arise through drift in the
transmitter and receiver local oscillators, thereby relaxing
somewhat the specification for low phase noise, high stability
frequency sources and reducing the complexity of frequency
control system. Taken together, the potential advantage of
using pilot tone SSB systems up to 1 GHz can now be con-
sidered.

Laboratory measurements and field trails have demon-
strated the system’s ability to improve the subjective perform-
ance of speech communications dramatically, and preliminary
studies have shown a significant improvement in error rates
for data systems. Finally, the complete FFSR circuit is capable
of single chip integration using current LSI techniques and,
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o 2R4
C1+R242
b 2RE

the envelope expression of (68) can be rewritten as

_A1(1+R2PAH2 {14 Gcos Qugt + a)'f?
—Bl(1+RzB2)I/2 {1+HcosQugt + p)}/?

) - (69)

To determine the residual modulation depth J, it is con-
venient to rewrite (69) with the substitution x = tan (wy?),
such that cos (2wgt) = (1 — x?)/(1 + x?) and sin (2wgt) =

X =

as such, represents a simple add-on convenience circuit to
pilot tone SSB systems.

2x/(1 + x?):
1—x? 2x
) 1+Geosa > ) —Gsina 2
re(t) 1+x 1+x
v = —-—— =
k2 en B/l—x2 Hsing 2x
cos — H sin
\1 +x? 1+ x2
(70)
where
A,(1 +R*4H1?
k= .
B, (1 +R?*pH)1/2
Expanding (70) and solving for x gives
Gsina—yHsin 3 V(yHsin f—Gsin)? — (1 —y)2 + (G cos « —yH cos B)? 1)
l—y—Hycosf+Gcosa
and since x = tan wyt, then
wgt = tan" ! (x). (72)

APPENDIX I

DERIVATION OF RESIDUAL MODULATION DEPTH
J RESULTING FROM IMPERFECTIONS IN THE
FILTER AMPLITUDE AND PHASE RESPONSE

Equation (39) gives the regenerated envelope, #(2), as

Ay (1+R24% + 2RA cos {2wgt + (wp — wal(ra + 741) = (wp + walr, + 7,2)D)!/?

From (71) and (72) the solution of wyt in terms of A(¥) is
apparently only single valued when the square root term is
zero, corresponding to the maxima or minima of the envelope
term f(y), denoted y,,. Equating the square root term to zero

r(?)

By making the substitutions

&= (wp —wg)(Tg T Ta1) — (wp + wal(te + 722)

B=(w, —wg)Tp T 7p1) — (W, + wa)(Tp + Tp2)

T 2p2 7 (68)
By (1 +R?B* +2RB cos {2wat + (w, — wa)(7p + 7p1) — (W, + wa)(T + 752)PH
gives
(¥mH sin f— G sin a)® — (1 —y,,)?
+(Gcosa—y,Hcosp)? =0 (73)
such that
1 — GH cos (@ — ) +V/G2H? cos? (a — ) — G2H? + G2 + H? — 2GH cos (a — () 74)

Ym

1—H?
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Thus the residual modulation depth J defined by (41) is given by

_ 1 —GHcos («—f) +VG?H? cos® (a — ) —G2H? + G* + H? — 2GH cos (« — )

= : (75)
1 —GH cos (a« — ) —+/G?*H? cos?(a— ) — G2H? + G? + H* —2GH cos (a — )
APPENDIX I1 the corrected output is given by
DERIVATION OF INSTANTANEOUS FREQUENCY  p242
, (1 —R"A%)wq
DEVIATION V() =
1 +R?4% + RA cos Qugt + @)
A. Residual OQutput Frequency Deviation
. o (1 —R%*B*)wy
From (40), the residual phase modulation is given by (80)

sin (wgt + v1) —RA sin (wgt + 7v;)

cos (wgt +v1) + RA cos (wgt + 73)

u(t) = tan~ ! {

_1 ] sin(wgt +v3) —RB sin (wat + 7v4)
—tan
cos (wyt + v3) + RB cos (wyt + v4)

(76)

when

Y1 = (Wp —wal(7s +741)
Y2 = —(wp + w7, t752)
Y3 = (W, —wg)Ty + 7pyp)
Ya = (W, T wg)(7p + 7p2).
If we now consider the first term of (76) and differentiate

with respect to time, the resulting instantaneous frequency
deviation is given as

v;'(6)
1 d

sin (wgt +v,) — RA sin (wgt +7v,) |2 dt
cos (wgt + 71) + RA cos (wgt + 72)

sin (wgt + v1) — RA sin (wgt + 7v5)
cos (wgt + ) +RA cos (wgt +7v,)

7

so that

1 +R*B* + 2RB cos (2wat + B)
where § = v3 + 74.

B. Input Frequency Deviation

The input phase modulation resulting from multipath
propagation effects is given in (27) by

sin wgt — R sin wyt

v(z) = tan~! (81)
Y cos wgt + R cos wyt
The instantaneous frequency deviation from (79) is then
. (1 —R*)wgy
o = (82)

1 +R? + 2R cos 2wgt

sinceA =1and a=0.
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