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ABSTRACT of the desired constant envelope property. In this paper we are
concerned only with imperfections in the reconstruction filters.
In digital IQ modulators generating Continuous Phase Frequency,

Shift Keying (CPFSK) signals, departures from flat-magnitude The signal reconstruction process produces distortion in the | and
linear phase in the pass bands of signal reconstruction filters in@ channel signals and introduces ripple into the vector modulator

the | and Q channels cause ripple in the output signal envelope(.)”tp“t signal envelope. This distortion is due to departures from

Amplitude Modulation (AM) in the signal envelope function & linéar phase, constant magnitude frequency responsach
produces undesirable sidelobes in the FSK signal spectrum whefgconstruction filter and gain and phase imbalances between
the signal passes through nonlinear elements in the transmissioH'€Se o filters.

path. Extensive work has been done pre-distortion techniques to

A structure is developed for digitally pre-compensating for the COMpensate for nonlinearities in power amplifiers, e.g. [4],

magnitude and phase characteristics of signal reconstructiof'Wever most of this work has ignored the effects of
filters. Optimum digital pre-compensation filters are found using réconstruction filters. In [5] a study of the effects of
least squares (LS) techniques and we propose a method by whicfgconstruction _fllters on pre-dlstqrtlon PA linearisers was
the optimum pre-compensation filters can be estimated using tesPresented and in [6] a compensation method was presented to

input signals. This method can be used as part of an automatié®duce the effects of gain and phase mismatch between
compensation process. reconstruction filters in a multichannel context.

In this paper we propose the use of digital sigmatshaping
1. INTRODUCTION filters in the | and Q channels to pre-compensate bioth
imbalances between the reconstruction filtersed departures
CPFSK is an important technique for band-pass datafrom constant magnitude, linear phase in the passband of each
transmission [1]. There are a number of methods for generatingeconstruction filter. A digital pre-compensation structure is
CPFSK signals and in this paper we consider the method of IQpresented and the optimum pre-compensation filters are found
(In-phase and Quadrature) modulation. using a least squares approach. A method is proposed by which

The 1Q modulator structure is shown in Fig. 1. Here, the | and che pre-compensation filters can be found automatically and

channel baseband signals are generated digitally and convertedmulation studies highlight the effectiveness of the method.
into analogue signals using D/A converters and signal

reconstruction filters before modulation and transmission. 2. OPTIMUM DIGITAL PRE-
ana|ogue nonlinear COMPENSATION
reconstruction RF power . . -
filters @;  amplifier The 1Q modulator structure considered hereAls shown in Fig. 2.
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Figure 1.1Q modulation system. ) _[ : . —>
Distortion terms in radio frequency (RF), nonlinear power : r___lf a(t (1)
amplifiers (PA’s) (for radio channels of interest here) can be : sin 1 FIR2 /i D/A H LPF2 >
adequately described by amplitude-to-amplitude (AM-AM) and : T !

q y y amp P ( ) gy(nT) : ~ ==, 1 vector

amplitude-to-phase (AM-PM) conversion characteristics [2]
which are functions of the envelope of the amplifier input RF
signal [3]. Figure 2.1Q modulator and pre-compensation structure.
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A important property of CPFSK signals is that they have constantThe dashed boxes in Fig. 2 show the proposed digital pre-
envelope thus making these signals particularly useful for compensation structure. The FIR filters are designed to pre-shape
communication systems which employ RF PA’s having non- the | and Q channel signals prior to passing through the D/A
linear transfer characteristics.  Imperfections in  the converters and reconstruction filters. The two sets of FIR filter
implementation of the 1Q modulator, however, result in the loss weights are chosen such that the differences between the actual



channel response (from the FIR filt_er inp_ut_to the outp_ut of the [S(eJ!uT)] —glok DT P90 K ®)
A/D) and adesired channel responsg minimised according to k

some specified criterion. Since the actual analogue filtg(s) Note that (2) is quadratic ig and therefore defines a convex
andhy(t), differ from each other, the impulse pesises of FIR 1 region in K-dimensional space. The least-squares optimisation

and FIR 2 may also be different depending on the optimisationProPlem can now be formulated as
criterion used. mgin[J(g)]. 7

One channel (I or Q), from the input to the FIR pre-
compensation filter to the output of the A/D converter is shown
in the lower branch of Fig. 3. The upper branch represents th
nominal desired system, i.e., the response that the | or Q channel g=R'p. (8)
is required to have. (We need only consider one channel as th
same optimisation process will apply to the other, although a
different pre-compensation filter will result sindgt) will be

The vector of filter weightsg, that minimisesJ(g) in (7) is
dound from standard optimisation theory to be

With straightforward manipulation of (4) and (5), the vector
pe R! and the matrix Re R can be expressed
equivalently in terms of time-domain parameters as follows

different.)
il y(nT) [p], = Dd(nMh((n- ke D) T keL2.., K 9)
A - N=—oc0
~ -I:I— and
X(nT) . + eo(n =
D(e'") o [Rl, = Yh(nMhy((n- k+ )T k EL2..., K (10)
g(nT) h(t) ) J(nm) T e e
FIR DIA LPF—»| AD ) whered(nT) is the desired channel impulse response g(idT)
— is the discrete-time equivalent impulse response of the D/A,
() H(jw) lowpass filter and A/D in Fig. 3. From (9) and (10), the elements
- / of p are values of the cross-correlation between the desired and
lP(g,e“"T) actual impulse responses and the rows and columri® afe

values of the auto-correlation sequence of the equivalent
discrete-time impulse response of the actual analogue filter.
We define the cost function for the least-squares optimisation to

be the integral of the magnitude-squared difference between the 3. FINDING THE OPTIMUM PRE-
desired responseéd(e'” ), and the actual respons#(g,e’” ), COMPENSATIOIN FILTER

over the frequency intervaP:

Figure 3.1 or Q channel pre-compensation structure.

i T T From (8) the optimum pre-compensation filter can be estimated
Ag)= ”D(e‘ )—Y’(g, e ) providing that measurements on the system can be made which
Kl " ) . give estimates ofp and R in terms of frequency-domain
where geR™™ is the vector of FIR filter weights 10 be narameters as in (4) and (5) or in terms of time-domain
determined. The integrand in (1) is a periodic functiomimvith parameters as in (9) and (10). In the following we propose an
period @, where f; = w;/27 is the system sampling frequency. gpproach to estimateandR from time-domain parameters.
The frequency interval in (1) is therefore chosen to be

2
@, @

2=[-0,2,042]. From (9) and (19) it can be seen that an estimatg(cnfT). mus_t
_ _ _ _ be found @(nT) is knowna-priori). A well known technique in
Expanding the right hand side of (1) gives system identification is to use a pseudorandom binary noise
J(g@)=c-2g9"p+ ¢ Rg ) (PRBN) test signal and cross-correlate the input and output to
. obtain an estimate of the system impulse response [8] as shown
where c= ”D(eJ“’T) W, (3) in Fig. 4.
2
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a2 Figure 4. System identification using cross-correlation.
joT 2 joT joT . .
R= ”Hd(e ) {€7)s' () abo, ®) The output of the correlator is given by
Q L-1
The function Hy(e"") is the discrete-time equivalent transfer Cy(kT) = g;,) XA+ R T)= BOKT G KT (11)
function of the D/A, lowpass filter and A/D in Fig. 3 and = hy (KT),
s(ej‘”T)e Cc“ is given by which is an estimate of the required impulse response of the

system. With this estimate, approximate valuespf@ndR can



be found from (9) and (10) and an estimate of the optimum pre- D(ej’”T,TO) =|H( jw)|efiroro,
compensation filter found from (8). (14)
—ws/2sw< w2

In practice the A/D converter in Fig 4 is not ideal and quantises, . H(jw) is the nominal response of the reconstruction

the I and Q channel signals into a humber of discrete levels. Th

amplitude quantised signal can be modelled as the original iters.
signal, y(nT), plus a quantisation noise,(nT), [10]:
y'(nT)=ynT)+ g( nT. 12 @ or—— ———===_ ]
The output of the correlator therefore becomes © -10 1+ RY 1
, g —— Nominal R
ny’(kT) = c;<y( kT)+ C;n/( kT- (13) E 20 + | — — Ichannel " ~ B
. ) 2 Q channel >~
For a PRBN input to the filterh,(nT), the output (by the s

Central Limit Theorem) is asymptotically Gaussian. In this

situation it can be shown, using an analysis of the characteristic @
function of the quantiser input [11], that the quantisation noise is "2
uncorrelated with the input signal and;, (kT) is a good %
estimate ofC,, even for coarse quantisation (e.g. total dynamic g_
range divided into 4 levels). o

]
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4.1 Simulated system configuration Figure 5. Magnitude group delay responses of the | and Q

channel reconstruction filters.

The effectiveness of the proposed digital pre-compensationygie thatD(eiroT T) is dependent on the parametgy which
method is investigated using a computer model of a single o

channel ERMES (European Radio Message System) modulatiorfl€termines the desired system group delay. Since the optimum
format transmitter. The ERMES signal is a 4-PAM (4-level Pulse value of this parameter is not known, the minimisation in (7)
Amplitude Modulation) CPFSK signal. Pulse shaping of the 4- Must be extendgd to include it. The optimisation problem can
PAM signal is performed using a @rder digital Bessel filter ~ therefore be rewritten as

before application to the CPFSK modulator. The system min[mir{J(g’TO)]]_ (15)
sampling frequency is 200 KHz. ol g

. . - The optimisation over the delay variable;,,, is solved
Low-pass reconstruction filters, LPF1 and LPF2 in Fig's 1 and 2 .p . Y 9 .
have a nominal ‘6 order Butterworth frequency response with a numerlcrillly and, for this example, results in an optimum delay
cut-off frequency of 21.3 KHz. They are implemented using three Value 0f 7o =150uS.

cgsciad_e-connelcted ?allllen 8; Ke_SF ’Qrder sections alnd in the The PRBN test signal comprises one period of length 16383
simulation results to follow the circuit component tolerances are samples of a maximal-length shift register sequence [9).

assu_med to be 5% for resistors and 10% for capacitors. Theyieasurement noise with variance -30dB relative to the square of
nominal and actual magnitude and group delay characteristics fo'ihe peak of the nominal impulse response of the reconstruction

LPF1 and LPF2 are shown in Fig. 5. filters is added to each channel. The A/D converters are assumed
4.2 System pre-compensation to have an 8-bit quantisation characteristic.

. ) ) The quantitiesp and R are estimated for each channel and
The FIR pre-compensation filter length is chosen to be 50 tapsgstimates of the optimum | and Q channel pre-compensation FIR
(K'=50). filters computed according to (8). The @t of residual AM in
It has been found experimentally that departures from a linear-the envelope function of the vector modulator output signal is
phase characteristic in the reconstruction filters has aused as a measure of effectiveness of pre-compensation. Fig. 6
significantly more detrimental effect on the output signal shows the envelope functions obtained for the system with and
envelope than departures from a flat magnitude response in thevithout pre-compensation. These envelope signals were
pass-band of the filters. The magnitude characteristic of thegenerated using a random sequence of 50 input symbols to the
nominal " order Butterworth filter is sufficiently flat through CPFSK modulator.
the passband and to ensure that degrees of freedom in th$ . . - . .
optimisation problem are used effectively we set the desired he nonlinear amplifier shown in Fig. 1. is modelled using a tWO'.
channel response to have the same magnitude characteristic garameter fo_rmul_a proposed by Saleh in [3]. and used by Pu_polln
the nominal magnitude response of the analogue filters butand Greenstien n [2]’. _that _closely approxmates the amplitude
constrain the phase to be linear. Hence, the desired channe‘:‘imd phase nonlinearities in Traveling Wave Tube (TWT)

. amplifiers.
responseP(e’”" ), is given by P



From the extensive numerical studies carried out during the
1.08 course of this research it appears that maximal-length sequences
(or msequences) give far superior results in terms of impulse
1.04 1, ’ response estimation that other PRBN sequences. This is probably
1.00 - H attributable to the fact that-sequences have the “best” possible
autocorrelation function in terms of minimum sidelobe levels for

(l)‘gg } } } } } } } a binary sequence of given peridd9].
104 | | Since the pre-compensation technique presented here is not

Signal Envelope (V)

specific to systems generating CPFSK signals, it may also find
1.00 F 7 more general application in IQ modulation systems generating
other modulation formats and in equalisation applications.
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