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An amplifier arrangement comprising an amplifier for
amplifying an input radio frequency (RF) signal to generate
an output RF signal. A linear function processor generates a
linear function correction signal which is a linear function of
previous samples of the input signal in order to compensate
for distortion effects of the amplifier related to the history of
the input signal. A non-linear function processor generates a
non-linear function of the input signal in order to compen-
sate for instantaneous distortion effects of the amplifier.
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signal in accordance with the linear and nonlinear function
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U.S. PATENT DOCUMENTS
5,742,201 A * 4/1998 Eisenberg et al. ............. 33072 68 Claims, 10 Drawing Sheets
12 Modulator
10 Coupler ” Magnitude  Phase ” 22
Input Delay Output
Lin'e l
1
1% B
| ik Low Pass |
I T £ £ | Filer {
| | l I 74 }
l
|72 DAC :
I 712 l
I 721 |
e 62 !
Ny - UE __I?* i L7s
Envelop_e | Low Pass I /r
Detector | Fiter 702 ADC F(t-n.t) Look up l |
| Table Fytn.t)
| £ ¥ )
> Zﬁ 7’ - > Address I }
| \ \
3% I 704 760 7 !
e e e e A

PETITIONERS EXHIBIT 1005
Page 1 of 23



US 6,512,417 B2

Sheet 1 of 10

Jan. 28, 2003

U.S. Patent

‘G1
° rv..N 3ydA edojaaua induj

q1
9

ansladeIeyd Nd-NY

§~ . NdA adojaaua jnduy)
0Z 8L gl 7L AR oL 8 9 7 l 0
_ ! _ _ T ! ! ! r
5 + 3 ! | ” " __
..... S R
I A S S (AN S N S

—_— e e - - — -

JnsusoRIeyd WY-NV

o
o~
—

()
[¥o)
e,
(Bap) uonoysip eseyd

08l

o O
o

o
~2

o
(=0}

Q
w
AdA edojaaua Jndinp

0oL
0cL

PETITIONERS EXHIBIT 1005

Page 2 of 23



US 6,512,417 B2

Sheet 2 of 10

Jan, 28, 2003

U.S. Patent

T _ “ ) . . e __ __ !
_ t
e N ! "
! | | _
" _ _ ) _ ' _ _ o™ R R S
e i el Sl SRR [ o _ _
! ! _ “ _ : _ ) [ | _
| “ | t | \ { g “ I |
| ! 1 _ ] 1 ° |
i ! L i
] { _ ] i L |_.|.| L||4IJ
S e R ST R SRt (Ll & - A -
| | . _ ! ! | M | | |
] | m “ | i __ - " | _
| ! | | | o \ |
SN O R SRS S N S - SO S
1 t | 1 | , o i | |
! u | | i \ o | 1 ﬁ
" _ I | _ _ m “ i | [
I —_— e —
S T]..r...ln_-||I“ lllllll _-IKI“ lllll Oﬁ I l!l_‘ll.h|l — — - - =t
I i \ | - | | _
i M i “ _ “ _ | _
!
! , |
_ ,_ ) ~ I | uw | _ [
R S S R E TR S P S e R
t | 1 .
“ u _ “ ! _ " R | |
A o
{
_ ! | | o]
..ull_llilullfﬂtt 1|l||_|(xLl||:_lls ~LO - - — | : i
! ' I | { { \ i : | ! | |
|
S SN o
! | ! | \ | _
I~ q ! ! -~ e L o 4o 5 b — = 1 — + T.l|||+|||l|.
.ull_ﬁ.ll|[_|||l.“lll.l|”, T _ [” - | j | | | | _
! " . i i ! ! ! ! | | _ I
! ' ! |
| | \ | | [ ! “ _ " _ w
i _ | ~ . ! _ _ _ [ 1
1 } 1 I 1 1 L (e} i | }
o T () o o o =) o o o o
=& m rnw n_.w mu mw m ,nlu © mlu o ] o~ D Lo - ™ ~N
(ap) Aiisuap |es3oads Jamog (gp) Aisuap jenoads Jamod

-25 0 25 5 75 10
MHz offset from carrier F ®
ig. 1d
PETITIONERS EXHIBIT 1005
Page 3 of 23

-5



US 6,512,417 B2

Sheet 3 of 10

Jan. 28, 2003

U.S. Patent

mdimo

¢l

G..Enuvmﬁw

LLL 092 JOL
, SS2IPpY x«ﬁ ] ﬂ
AlqelL. /!
dn joog G 'y oay ZoL
, SSEJ MO
/ .
Alﬂ ELL
N@_ llllllll
LZL |
)V/\ /\ﬁ ~
_ 2L |
MW~ [ |
R | 52 > | *
sseg o | L T T~
lllllllll _
= "
76 6 |
A [ aur
AereQg
g al

aseyq  opmiudeN
I01B[NPOIN

BT |

AN

.56@3@/
adojaauyg e

mmﬂwr

\ / nduj

7L ndnoy 0O

PETITIONERS EXHIBIT 1005

Page 4 of 23



U.S. Patent Jan. 28, 2003 Sheet 4 of 10 US 6,512,417 B2

__ \‘\\

150 fmre el

Errors

100 §f —e— Mag Err |-

—a—Phase Err| -
50
0
250 300 350 400 450 500

Envelope sample

Fig. 3a

- .. . Spectrum

| Ill

N ,‘,,.,-,T

; v

e o 3 .

[ " : . - e T,
T YN o

Fig. 4a Fig. 4b

PETITIONERS EXHIBIT 1005
Page 5 of 23



U.S. Patent Jan. 28, 2003 Sheet 5 of 10 US 6,512,417 B2

Mag Errors vs Envelope

250

200 +—

150 41—

Error

100

50 +————

256 306 356 406 456 506

Envelope

Phase Errors vs Envelope

250 SRR T — : i s e

200 e

150

Error

100

50

256 306 356 406 456 506

Error

Fig. 3b

PETITIONERS EXHIBIT 1005
Page 6 of 23



U.S. Patent Jan. 28, 2003 Sheet 6 of 10 US 6,512,417 B2

Mag Errors vs Envelope

250 =

200

150 1—

Error

100

50 AL

250 300 350 400 450 500
Envelope

Phase Errors vs Envelope

250 ’ ::.‘: s o = : ~ - _"v-ji-.‘. < = A. e

200

180 o

Error

100 =

50

250 300 350 400 450 500

Envelope

Fig. 3c

PETITIONERS EXHIBIT 1005
Page 7 of 23



U.S. Patent Jan. 28, 2003 Sheet 7 of 10 US 6,512,417 B2

52
56 50
A N (
— ~ x16 —7'
5, 58/ 62
760
Fig. 5
760 7 W 76 T8
\ \ o
—80 82 8. [ -8 88
/9,5 /QXB /ﬁb 0 92
9af | 90y | 90| 90
62
L
Fig. 6
PETITIONERS EXHIBIT 1005

Page 8 of 23



US 6,512,417 B2

Sheet 8 of 10

Jan. 28, 2003

U.S. Patent

jeubis
jndino

L 8L

0s

5"

[

0s

7

OL

i

4

J9J0}SIpaid
aandepy

07

75 \Nq
s 78
' si0}2939p 10119 aseyd
Jou19 aseyd
pue uteg /Bto uieg
TAS
jeubis
uoI8iiod
aseyd

PO}IBVIICD «m-
pue
payndwy

,
\
8

[

/mm

L

T~

8l

jeubis

uondaLiod

ujes

b

9l

03

N

PETITIONERS EXHIBIT 1005

Page 9 of 23



U.S. Patent Jan. 28, 2003 Sheet 9 of 10 US 6,512,417 B2

Gain Phase
error error
signal signal
l
82«—{' Bl
S N an(p«) |
i - 620 ~ (;-a) for (B-c)<<1 :
l
| 618 632 5% |
r 616
I N |
| -
: 614 RsR:cos(B-a) 634~ RiRssin(p-a) |
! [ l
|
, I
Phase comparator
1 l
NP NP {630 |
|
Ll |
| Ricos(act+a) Racos(w.t + B) :
[ o I
| |
| 602—1 6041 \‘/ }
i ik I
42 54
Reference Fed back
input output
signal signal

Fig. 8

PETITIONERS EXHIBIT 1005
Page 10 of 23



U.S. Patent

760

Jan.28,2003  Sheet 10 of 10

(82,84)
72 74 76 78
S D Y W (N

90;

US 6,512,417 B2

92
90 90,
62
Fig. 9
PETITIONERS EXHIBIT 1005

Page 11 of 23



US 6,512,417 B2

1
LINEAR AMPLIFIER ARRANGEMENT

FIELD OF THE INVENTION

This invention relates to high power linear amplifiers and
in particular relates to the same using digital pre-distortion.

BACKGROUND OF THE DRAWINGS

First and second generation cellular systems have histori-
cally used forms of modulation which are either constant
envelope (e.g. GMSK in GSM) or which result in relatively
low levels of amplitude modulation. The linearity of the high
power amplifiers used for such systems has therefore not
been an important technical issue; indeed, for the constant
envelope systems it is standard practice to operate the
amplifiers either close to or actually in compression in order
to maximise power efficiency.

Third generation cellular systems however typically use
linear spread-spectrum modulation schemes with a large
amount of amplitude modulation of the signal envelope.
When passed through a high power amplifier, the output is
typically distorted in amplitude and phase by the non-
linearity of the amplifier: the amplitude and phase distortion
effects are commonly referred to as AM-AM conversion and
AM-PM conversion respectively. Both distortion effects are
a function only of the amplitude envelope of the input signal
and are insensitive to the input phase envelope.

In systems such as Code Division Multiple Access
(CDMA) modulation schemes, a plurality of signals are
transmitted in a communication system and are amplified
simultaneously. When a plurality of signals are applied to a
linear amplifier, its non-linear characteristics will tend to
produce interaction between the signals being amplified and
the amplifier output will contain intermodulation products.
Such intermodulation products reduce signal quality by
allowing cross-talk to occur and such spillage often falls
outside a particular licensed spectrum and must be con-
trolled. Such intermodulation distortion can be reduced by
negative feedback of the distortion components, pre-
distortion of the signal to be amplified to cancel the amplifier
generated distortion, or by separating the distortion compo-
nents with the amplifier output and feeding forward the
distortion component to cancel the distortion of the amplifier
output signal.

There are many ways of linearising a high power ampli-
fier: direct RF feedback, envelope feedback, feed-forward
and pre-distortion. For cellular power amplifiers, feed-
forward amplifiers are commonly used. Feed forward ampli-
fiers are more complicated in that they require the modifi-
cation of the separated distortion component in amplitude
and phase to match the gain and phase shift of the amplifier
on a continuous basis and require an error amplifier which
is typically similar in power handling to the main amplifier
which incurs a heavy penalty in RF device cost and power
efficiency.

Envelope feedback methods (polar and Cartesian) per-
form much better than feed-forward amplifiers in terms of
device cost and efficiency since the RF signal linearistaion
processing is done before the power amplifier on a small
signal. However, envelope feedback is fundamentally lim-
ited in the correction bandwidth obtainable by the delay of
the feedback loop. As systems migrate to wider band modu-
lation (e.g. CDMA2000 and WCDMA) a linearisation tech-
nology is required which is fundamentally a wideband
technique.

Most implementations of pre-distortion are inherently
wideband, however the performance achievable has been
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limited by the difficulty of matching the complex distortion
characteristics of typical power amplifier devices with
simple analogue pre-distortion networks.

U.S. Pat. No. 4,700,151 (Nagata) provides a baseband
(analogue or digital ) modulation system and technique
which employs a look-up table for adaptation. U.S. Pat. No.
5,049,832 (Cavers) provides a digital pre-distortion arrange-
ment which reduces memory requirements to under 100
complex pairs, with a resultant reduction in convergence
time and removes the need for a phase shifter or PLL in a
feedback path.

The applicant’s U.S. patent application Ser. No. 09/209,
386 filed on Dec. 10, 1998 provides a method of linearising
a power amplifier by pre-distorting the input to correct for
the instantaneous non-linear transfer function of a power
amplifier. The input is split into two paths. The main path
goes through a delay line into a modulator and then into an
amplifier. The second signal is sent to an amplitude detector
whose output is converted into a digital number and used to
address a look-up table. The look-up table output is con-
verted into an analogue signal which is used to modulate the
main signal such that the power amplifier is linearised.
Although this does reduce unwanted emissions out of the
licensed bandwidth, further reductions without incurring
much extra cost are desirable.

OBJECT OF THE INVENTION

The present invention seeks to provide an improved linear
amplifier arrangement which achieves correction over a
wide bandwidth with low system cost and high efficiency.
More particularly the present inventlon seeks to provide a
linear amplifier arrangement capable of amplifying and
combining a number of frequency carriers or bearers.

SUMMARY OF THE INVENTION

According to a first aspect of the present invention there
is provided an amplifier arrangement comprising:

an amplifier for amplifying an input radio frequency (RF)
signal to generate an output RF signal;

a linear function processor for implementing a linear
function of previous samples of the input signal to
generate a linear function correction signal; and

a pre-distortion processor for distorting the current input
signal in accordance with the linear function correction
signal in order to compensate for distortion in the
output signal.

As well has exhibiting instantaneous amplitude and/or
phase distortion effects a power amplifier will generally
exhibit distortion effects based on the past history of the
input signal. For example amplitude and/or phase distortion
in the amplifier may be different when the input sample has
just undergone a rapid reduction in amplitude than when the
input signal has just undergone a rapid increase in ampli-
tude. These historical distortion effects can be greatly
reduced while adding little extra cost to the amplifier
arrangement by applying a pre-distortion to the input signal
based on a linear function of past samples of the input signal.

It should be noted that the pre-distortion processor may
take into account other inputs than the linear function when
distorting the input signal.

The linear function processor may by a finite impulse
response filter and the linear function may have the form:
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N
g0 = ) hiolxtr -l

K=0

where

g(t) is the linear function,

h(k) is a scaling factor,

[x(t=k)| are the previous samples of the input signal, and

N is the number of previous samples

The fact that g(t) is a linear function of the past samples
of the input signal |[x(t-k)| makes the pre-distortion easy to
implement in a cost effective manner. A particularly simple
and yet effective implementation is provided when the linear
function has the form:

B(O)=K(e(e-D)-pe(z-3))
where

h(t) is the linear function,

K is a scaling factor,

[x(t-2)| is the previous sample of the input signal two

samples before the current input signal, and

[x(t=3)| is the previous sample of the input signal three

samples before the current input signal.

A linear function processor for implementing this linear
function can be formed using three delay lines, a subtractor
and a multiplier. This can enable the linear function proces-
sor to be implemented in spare space in existing processing
hardward already used in other parts of the amplifier
arrangement.

Where the memory dependent distortion effects in the
amplifier predominantly effect the amplitude of the output
signal the linear function processor may be an amplitude
linear function processor for generating an amplitude linear
function correction signal to compensate for amplitude
distortion in the amplifier. Then the pre-distortion processor
generates an amplitude correction signal in accordance with
the amplitude linear function correction signal and ampli-
tude modulates the input signal with the amplitude correc-
tion signal.

Where the memory dependent distortion effects in the
amplifier predominantly effect the phase of the output signal,
the linear function processor may be a phase linear function
processor for generating a phase linear function correction
signal to compensate for phase distortion in the amplifier.
Then the pre-distortion processor generates a phase correc-
tion signal in accordance with the phase linear function
correction signal and phase modulates the input signal with
the phase correction signal.

Where the memory dependent distortion effects in the
amplifier effect the both that amplitude and the phase of the
output signal, the linear function processor may comprise an
amplitude linear function processor for generating an ampli-
tude linear function correction signal to compensate for
amplitude distortion in the amplifier and a phase linear
function processor for generating a phase linear function
correction signal to compensate for phase distortion in the
amplifier. Then the pre-distortion processor generates an
amplitude correction signal in accordance with the ampli-
tude linear function correction signal, generates a phase
correction signal in accordance with the phase linear func-
tion correction signal, amplitude modulates the input signal
with the amplitude correction signal and phase modulates
the input signal with the phase correction signals.

In a preferred implemuentation the linear function pro-
cessor comprises:
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a first delay line for delaying the input signal by one cycle;

a subtractor for subtracting the delayed input signal from
an undelayed input signal;

second and third delay lines for each delaying the sub-
tracted signal by one cycle; and

a multiplier for multiplying the subtracted signal by a
scaling factor.

This type of arrangement can enable the linear function
processor to be implemented in spare space in existing
processing hardward already used for other functions of the
amplifier arrangement.

In a more complex, but also more flexible implementation
the linear function processor may comprise:

a plurality of delay lines arranged in a series for delaying

the input signal successively by one cycle;

a plurality of multipliers for multiplying by a scaling
factor a respective one of a plurality of tapped signals,
selected from the input signal and the outputs of any
one of the delay lines; and

an adder for adding the outputs from the multipliers.

The linear function processor is preferably a digital pro-
cessor. A part of the input analogue signal to the amplifier is
tapped off the main input signal is detected by an envelope
detector, filtered and then converted to digital form by an
analogue to digital converter. The resulting digital signal is
input into the linear function processor. The output from the
linear function processor is further processed by the pre-
distortion processor and converted into analogue form and
then used to modulate the main input signal.

According to a second aspect of the present invention
there is provided an amplifier arrangement comprising:

an amplifier for amplifying an input radio frequency (RF)
signal to generate an output RF signal;

a linear function processor for implementing a linear
function of previous samples of the input signal to
generate a linear function correction signal;

a non-linear function processor for implementing a non-
linear function of the input signal to generate a non-
linear function correction signal; and

a pre-distortion processor for distorting the current input
signal in accordance with the linear and non-linear
function correction signals in order to compensate for
distortion in the output signal.

According to the second aspect of the invention a non-
linear function processor is provided for compensating for
instantaneous distortion effects in the amplifier. The non-
linear function processor may be implemented as a look-up
table. In a preferred version the pre-distortion processor
distorts the input signal in accordance with a sum of the
linear function correction signal and the non-linear function
correction signal.

The non-linear function processor preferably provides
compensation for amplitude and phase distortion in the
output signal and so generates an amplitude non-linear
function correction signal for compensating for amplitude
distortion and an phase non-linear function correction signal
for compensating for phase distortion.

The second aspect of the present invention the same
preferred features recited above in relation to the first aspect
of the present invention.

According to a third aspect of the present invention there
is provided a method of linearising an amplifier for ampli-
fying an input radio frequency (RF) signal to generate an
output RF signal, comprising the steps of:

generating a linear function correction signal which is a
linear function of previous samples of the input signal;
and
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distorting the current input signal in accordance with the
linear function correction signal in order to compensate
for distortion in the output signal.

The third aspect of the present invention has the same
advantages discussed above in relation to the first aspect of
the present invention.

According to a fourth aspect of the present invention there
is provided a method of linearising an amplifier for ampli-
fying an input radio frequency (RF) signal to generate an
output RF signal, comprising the steps of;

generating a linear function correction signal which is a

linear function of previous samples of the input signal;
generating a non-linear function correction signal which
is a non-linear function of the input signal; and
distorting the current input signal in accordance with the
linear and non-linear correction signals in order to
compensate for distortion in the output signal.

According to a fifth aspect of the present invention there
is provided an amplifier arrangement comprising:

an amplifier for amplifying an input radio frequency (RF)

signal to generate an output RF signal;
an error detection processor responsive to the input signal
and the output signal for generating an error correction
signal which represents a difference between the input
and output signals due to distortion in the amplifier,

an adaptive linear function processor responsive to the
error correction signal for implementing a linear func-
tion of previous samples of the input signal to generate
a linear function correction signal; and

a pre-distortion processor for distorting the current input
signal in accordance with the linear function correction
signal in order to compensate for distortion in the
output signal.

Preferably, the linear function has the form:

N
g0 = )" hiblx(z - k|

K=0

where
g(t) is the linear function,
h(k) is a scaling factor,
[x(t=k)| are the previous samples of the input signal, and
N is the number of previous samples,
and additionally comprises a digital signal processor for
generating the scaling factors in response to the error
correction signal from the error detection processor in
accordance with a means squared error form of adaptation.
According to a sixth aspect of the present invention there
is provided a method of linearising an amplifier arrangement
for amplifying an input radio frequency (RF) signal to
generate an output RF signal comprising the steps of;
generating an error correction signal which represents a
difference between the input and output signals due to
distortion in the amplifier in response to the input signal
and the output signal,
adaptively implementing in response to the error correc-
tion signal a linear function of previous samples of the
input signal to generate a linear function correction
signal; and
pre-distorting the current input signal in accordance with
the linear function correction signal in order to com-
pensate for distortion in the output signal.

BRIEF DESCRIPTION OF THE DRAWINGS

In order that the present invention can be more fully
understood and to show how the same may be carried into
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6

effects, reference shall now be made, by way of example
only, to the figures as shown in the accompanying drawing
sheets wherein:

FIGS. 1a—d show graphs relating to amplifier perfor-
mance;

FIG. 2 shows an amplifier arrangement in accordance
with a first embodiment of the present invention;

FIG. 3a shows a graph showing amplitude and phase error
of a power amplifier to which no pre-distortion correction is
applied;

FIG. 3b shows a graph showing amplitude and phase error
of a power amplifier to which pre-distortion is applied taking
into account only instantaneous distortion effects;

FIG. 3¢ shows a graph showing amplitude and phase error
of a power amplifier to which pre-distortion according to the
present invention is applied which takes into account instan-
taneous and memory dependent distortion effects;

FIG. 4a shows the reduction in adjacent channel power
for a power amplifier to which pre-distortion is applied
taking into account only instantaneous distortion effects;

FIG. 4b shows the reduction in adjacent channel power
for a power amplifier to which pre-distortion is applied
taking into account instantaneous and memory dependent
distortion effects;

FIG. 5 shows a first implementation of a linear function
processor to compensate for memory dependent distortion
effects;

FIG. 6 shows a second implementation of a linear func-
tion processor to compensate for memory dependent distor-
tion effects;

FIG. 7 shows an amplifier arrangement in accordance
with a second embodiment of the present invention for
providing adaptive pre-distortion;

FIG. 8 shows the error detection sub-system of the
arrangement of FIG. 7;

FIG. 9 shows an implementation of an adaptive linear
function processor to compensate for memory dependent
distortion effects.

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENTS

There will row be described by way for example the best
mode contemplated by the inventors for carrying out the
invention In the following description, numerous specific
details are set out in order to provide a complete under-
standing of the present invention. It will be apparent,
however, to those skilled in the art that the present invention
may be put into practice with variations of the specific.

FIGS. 1a and 1b show the amplitude and phase distortion
characteristics of a typical class AB power amplifier. FIG. 1a
gives the output signal envelope in volts as a function of the
input signal envelope in volts, showing the characteristic
amplitude compression as the amplifiers nears its saturated
output power. FIG. 1b gives the phase shift through the
power amplifier as a function of the input signal amplitude
envelope.

The effect of amplifier distortion on a spread-spectrum
modulated signal is illustrated in FIGS. 1¢ and 1d. FIG. 1¢
shows the power spectrum of a 20 channel Quadrature Phase
Shifting Keying (QPSK) signal applied to the power ampli-
fier input, whilst FIG. 1d shows the resulting power spec-
trum at the amplifier output. The spectrum has developed
sidebands, termed “regrowth sidebands”™ which are charac-
teristic of amplifier distortion. Regrowth sidebands are a
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system problem since they can potentially interfere with
neighbouring communication channels. Specification limits
on regrowth sidebands are therefore stringently specified in
most cellular communication standards.

FIG. 2 shows a block diagram of a first embodiment made
in accordance with the present invention. In use an RF input
signal (10) is applied to a high power amplifier (22) via a
directional coupler (12), a first delay line (14), an amplitude
modulator (16) and a phase modulator (18). The sampled RF
output from the directional coupler (12) is applied to an
envelope detector (34). The output of the envelope detector
is connected to a digital pre-distortion sub-system (70) the
extent of which as denoted by a dotted line in FIG. 2. The
pre-distortion sub-system (70) generates two output: an
amplitude correction signal (92) which is connected to the
control port of amplitude modulator (16); and a phase
correction signal (94) which is connected to the control port
of the phase modulator (18) The delay line (14) compensates
for the delay between the input signal (10) and the amplitude
and phase correction signals (92, 94) at the respective
modulators (16, 18) due to the processing delay in generat-
ing the correction signals.

The pre-distortion sub-system (70) generates the correc-
tion signals (92, 94) as functions of input (36) from the
envelope detector (34) in such a way that the input signal
(10), delayed by delay line (14) and modulated by modula-
tors (16, 18), on passing through the high power amplifier
(22) emerges with lower distortion that if no pre-distortion
sub-system (70) had been employed. The pre-distortion gain
and phase transfer functions of the sub-system (70) are
designed to cancel the gain and phase distortion produced by
the power amplifier (22).

The signal (36) from the envelope detector (34) is pro-
portional to the amplitude envelope of the system input (10)
and is filtered by a low pass anti-alias filter (702) and is
digitised by an analogue to digital converter (ADC) (704).
The m-bit output of the ADC (704) is connected to the
m-bits of an address bus (760). The address bus (760) is used
to select an address in look up table (LUT) (711) which
comprises a 2 amplitude correction random access memory
RAM and a 2™ phase correction (RAM). The output (717)
of the amplitude correction RAM of the LUT (711) provides
a non-linear output dependent on the input (36) which
compensates for instantaneous amplitude distortion in the
power amplifier (22). The output (719) of the phase correc-
tion RAM of the LUT (711) provides a non-linear output
dependent on the input (36) which compensates for instan-
taneous phase distortion in the power amplifier (22). The
address bus (760) also applies the m-bit output of the ADC
(704) to the inputs of an amplitude linear function processor
(713) and a phase linear function processor (715). The
outputs of the amplitude and phase linear function proces-
sors (713, 715) compensate for distortion which is depen-
dent on the past history of the input signal passing through
the power amplifier (22). The output of the amplitude linear
function processor (713) is added to the output (717) of the
amplitude correction RAM at adder (721) and the resulting
m-bit digital signal is converted into an analogue signal by
digital to analogue converter (DAC) (742) and the output
from the DAC is filtered by a low pass anti-alias filter (744)
to give amplitude correction signal (92). The output of the
phase linear function processor (715) is added to the output
(719) of the phase correction at adder (723) and the resulting
m-bit digital signal is converted into an analogue signal by
DAC (712) and the output from the DAC is filtered by a low
pass anti-alias filter (714) to give phase correction signal
(94). The linear function processors (713, 715) may be
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implemented as finite impulse response (FIR) filters, for
example, as shown in FIG. 7.

The compensation provided by the LUT (711) is based on
the assumption that the non-linearity of the power amplifier
(22) behaves as:

yO=R@)x()

Where

y(t) is the amplifier output (28) at time t

x(t) is the input (10) at time t

[x(t)| is tie complex modulus of the input (envelope)

f(|x(t)| is a non-linear function of the complex modulus of

the input

The real distortion produced by the power amplifier (22)
depends upon both the current input (instantaneous) and the
past history of inputs and so a better model of the behaviour
of the power amplifier is represented by tie relationship:

$(O=h(x(- to Hl-x(1)

where
y(t) is the output of the power amplifier (22) at time t
[x(= to t)] is the envelope values up to time t

h(x) is a non-linear function of x(t) over all its history,

generally a Volterra series.

The pre-distortion sub-system (70) according to the
present invention takes into account the memory component
of h(x) and provides better performance without adding
much complexity.

Assuming that the distortion including memory effects in
the power amplifier (22) behaves approximately as:

YOO (O * PO exp(h () * (@) x()

where h,(t) and h,(t) are the impulse responses of the
amplitude and phase memory characteristics and * denotes
convolution. The impulse response of a function is the
output of the function when the input to the function is an
impulse, with an impulse defined as a signal having a value
of 1 to time 0 and a value of O at all other times. The
dominant component of the non-linearity is the memoryless
or instantaneous component f{|x(t)|) and the spurious ampli-
tude and phase modulation due to memory can be approxi-
mated by linear functions of previous samples of the input
signal envelope (36). This permits a simple correction
architecture in which:

the amplitude correction provided by the pre-distortion
sub-system (70) has the form

L @D+ha(O* ()

the phase correction provided by the pre-distortion sub-
system (70) has the form

ECONE R ON O]

In the above f,, and {, are the amplitude and phase lookup
table functions embodied in the LUT (711), h,(t) is the
impulse response to linear function embodied in the linear
function processor (713) for amplitude correction and h(t)
is the impulse response to linear function embodied in the
linear function processor (715) for phase corrections Thus,
samples of the envelope [x(t)| of the input (10) which are
used to address the LUT (711) to provide non-linear outputs
for amplitude and phase correction dependent on the input
are also input into the linear functions processors (713, 715).
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The outputs from the linear function processors (713, 715)
are added to the respective outputs from the LUT (711) to
compensate for memory dependent distortion effects in the
amplifier (22).

FIG. 3a shows the phase and magnitude errors in the
output of a power amplifier vs the envelope of the signal
input into the power amplifier where no pre-distortion is
applied to the input signal. The errors are calculated to be the
actual magnitude and phase component of the output signal
minus the respective ideal output signal components
expected for a linear amplifier. It can be seen that there are
large loops forming the plot of magnitude errors which
indicate that there is a memory effect within the power
amplifier. If the distortion was memoryless, then for any
envolope value (x-axis) the error (y-axis) would be the same,
so that the errors follow a single curve. The phase distortion
produced by this power amplifier is almost memoryless, as
can be seen by the fact that the phase errors lie almost on one
curve.

When the input signal (10) is pre-distorted in accordance
with non-linear instantaneous distortion function f(x) imple-
mented in the LUT (711) the phase and magnitude errors vs
envelope plot shown in FIG. 3b is the result. It can be seen
that the magnitude and phase errors become centred around
a middle value of 128 which value corresponds to no error.
However, this correction does not reduce the loops that are
still evident in the magnitude error plot. FIG. 4a shows the
reduction in the adjacent channel power (ACP). The top line
in FIG. 4a shows the spectral splash in the adjacent channels
before the power amplifier has been corrected for non-linear
instantaneous distortion and the bottom line in FIG. 4a
shows the spectral splash in the adjacent channels after the
power amplifier has been corrected for non-linear instanta-
neous distortion. The ACP of the lower channel has been
improved by around 3.5 dB and the ACP of the higher
channel has been improved by around 5.5 dB.

The implementation of the linear function processor (713)
for correcting the memory dependent distortion in the power
amplifier with the error characteristics of FIG. 3a is shown
in FIG. 5. As this amplifier had little memory dependence in
its phase distortion, the memory dependent pre-distortion is
only applied to correct amplitude distortion. The linear
function processor (713) of FIG. 5 can be implemented in a
Complex Programable Logic Device (CPLD) and operates
to take the difference between two previous values of the
envelope and multiply the difference by an appropriate
scaling factor. Referring now to FIG. 5, the m-bit digital
signal of the envelope |x(t)| from the data bus (760) is split
into two arms, the upper of which includes a delay line (52).
The two arms come together at a subtractor (54) such that
the output of the subtractor (54) is a signal |x(t)|-[x(t-1)|.
This signal then undergoes a further delay at delay line (56),
so the output of delay line (56) is |x(t-1)|-x(t-2)|. This
signal is then multiplied by a factor of K at multiplier (58)
to generate an output K(|x(t-1)|-|x(t-2)|. This signal is then
delayed by delay line (60) to generate an output (62) of the
form:

I (PO (=)= be(e-3))
where
h,(|x(t)|)=non-lincar (instantancous) function of current
sample t (but a linear function of past samples
K=constant scaling factor (=16 for this power amplifier)
[x(t-2)|=envelope 2 clock cycles before the current one.
[x(t-3)=envelope 3 clock cycles before the current one.
The signal (62) is then added to the magnitude output
(717) of the LUT (711) at adder (721) as described above in
relation to FIG. 2 to generate an output of the form:
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L@D+R {2 be(e-3)]}

Each of the delay lines (52, 56, 60) delay the signal input
into them by one clock cycle of the sub-system (70). The
scaling factor of K=16 was found to provide the best results
through testing various circuits with different scaling factors
K. Also, by using a value of K which is a whole number, the
multiplication is easily and cheaply implemented. This
means that the circuit of FIG. § can be implemented on the
spare space in the CPLD that is used to implement the LUT
(711) and its related components. The envelope values of
[x(t-2)| and [x(t-3)| from two and three sample 3 clock
cycles previously, rather than from one and two samples
previously were also found to give the best error correction.

When a further pre-distortion is applied to the envelope of
the input signal by including the linear function processor
(713) as implemented in FIG. 5 the result is the phase and
magnitude errors vs envelope plot shown in FIG. 3c. It can
be seen that the loops in the magnitude errors have been
greatly reduced as compared to FIG. 3b, thereby reducing
the overall level of errors. FIG. 4b shows the improvement
in ACP. The top line in FIG. 4b shows the spectral splash in
the adjacent channels before the power amplifier has been
corrected for any distortion and the bottom line in FIG. 4b
shows the spectral splash in the adjacent channels after the
power amplifier has been corrected for non-linear instanta-
neous distortion and linear memory related distortion. The
ACP of the lower channel has been improved by around 11.5
dB and the ACP of the higher channel has been improved by
around 13.5 dB. Thus, the addition of the linear memory
related pre-distortion has provided an improvement in ACP
of about 8 dB.

As an alternative to the circuits shown in FIG. 5 the linear
function processors (713, 715) could be finite impulse
response (FIR) filter circuits of the type shown in FIG. 6 to
give a pre-distortion function g(t) of the form:

gO=L|x(0)|+M|x(t=1)|+N|x(t=2)|+P|x(t=3)|+R|x(t-4)|

where L, M, N, P and R are scaling factors.

In FIG. 6, there are delay lines (72, 74, 76, 78) ecach
delaying the input to them by one clock cycle. The envelope
(80) and the four successively delayed signals (82, 84, 86,
88) are multiplied by a respective scaling factor L, M, N, P,
R at respective tap multipliers (90, to 90y), before being
added at adder (92) to generate the output g(t) at (62). The
output (62) is then added to the magnitude output of the LUT
(711) by adder (721) as shown in FIG. 2.

The circuit in FIG. 6 can be generalised to be of the
following form:

N
g =" hiolxtr -l

K=0

where

g(t) is the output of the linear function processor at time

t

h(k) are the values of the multipliers

[x(t-K)| are the delayed input samples

N is the number of taps

The arrangement of FIG. 5§ is a simplified form of the
arrangement of FIG. 6 in which multiplier 90, has a scaling
factor of 16, multiplier 90, has a scaling factor of -16 and
all other multipliers have a scaling factor of 0. The relatively
simple circuit of FIG. 5 can be fitted into the remaining
space in the CPLD while still providing significant improve-
ment to the linearisation of the power amplifier (22).
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The implementations of FIGS. 5 and 6 could equally be
used for phase correction in linear function processor (715),
for a power amplifier that exhibits memory dependent phase
distortion.

According to a further aspect of the present invention the
pre-distortion may be adaptive. FIG. 7 shows a further
embodiment of the present invention in which the pre-
distortion is adaptive with like parts labelled with the same
numerals as used in FIG. 2. In the FIG. 7 arrangement the
sampled RF output from the directional coupler (12) is
applied to a power splitter (32), the outputs of which are
connected to the envelope detector (34) (cf. FIG. 2) and a
delay line (40). As in FIG. 2, one output (36) of the power
splitter (32) is connected to a pre-distortion sub-system (70)
which in FIG. 7 is adaptive.

The circuit of FIG. 7 includes an error detection sub-
system (60) which requires as an input a sample (42) of the
input signal (10) and a sample (54) of the output signal (28),
normalised and aligned in time. Output sample (54) is
normalised to the same level as (42) by attenuating the
coupled output of the coupler (26) in attenuator (52). Input
sample (42) is time aligned with (54) by delaying one output
of the power splitter (32) in delay line (40).

FIG. 8 shows an implementation of error detection sub-
system (60) shown in FIG. 7. The input signals (42) and (54)
are each split by power splitters (602) and (604) respec-
tively. An output of splitter (602) is fed to envelope detector
(610) and an output of splitter (604) is fed to envelope
detector (612). The envelope detectors (610, 612) produce
output voltages proportional to the amplitude envelope of
signals (42) and (54) respectively. The output voltage of
detector (610) is subtracted from the output voltage of
detector (612) by a differential amplifier (616) to produce a
signal (618) proportional to the amplitude error between
(42) and (54). The difference signal (618) is divided in
analogue divider block (620) by signal (614) being the
output of envelope detector (610) to produce a signal (82)
which is proportional to the amplitude error between (42)
and (54).

The remaining outputs of the splitters (602, 604) are fed
to a phase comparator (630) which has two outputs (362)
and (364). If the RF input from splitter (602) is represented
in polar form as R;-cos (w,t+c) and the RF input from
splitter (604) is represented as R,-cos(w_ t+f) then output
(632) is proportional to R;'R,-cos(f-a) and output (634) is
proportional to R;'R,-sin (f-ct). Analogue divider block
(636) divides output (634), by output (632) to give a phase
error signal (84) equal to tan(f-) which for small (-a) is
approximately proportional to (f—a).

In order to compensate for changes in the high power
amplifier (22) gain and phase characteristic, for example due
to temperature or channel frequency changes the pre-
distortion sub-system (70) adaptively adjusts its gains and
phase transfer functions in response to residual gain error
(82) and residual phase error (84) signals fed back from the
error detection sub-system (60) as described in the appli-
cant’s U.S. patent application Ser. No. 09/209,386 filed on
Dec. 10, 1998.

The linear function processors (713) and/or (715) of the
pre-distortion sub-system (70) could similarly be made
adaptive, ie. responsive to the respective magnitude and
phase outputs (82, 84) of the error detection sub-system
(60). The measured errors (82, 84) would be read into a
digital signal processor (DSP). The DSP would then apply
an algorithm to the error signals (82, 84) and in accordance
with the results of the algorithm would alter the scaling
factors (L, M, N, P, R, etc) of the tap multipliers (90, to 904,
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etc) in order to minimise the spread of errors. Various
algorithms are possible to determine the beat values and one
is described below.

As an example, when the linear function processors are
implemented as FIR filters, as shown in FIG. 6, the adaptive
pre-distortion of the linear function correction signals could
be implemented as follows.

Referring to FIGS. 2 and 7 and to the adaptive filter
arrangement of FIG. 9 in which like parts to FIG. 6 are
identified by like numerals, the adaptive filter of FIG. 9 is
initially set so that all the scaling factors (L, M, N, P, R) are
set to zero, so that the filter has a zero response. The LUT
(711) is then adaptively adjusted to generate optimum
memoryless non-linear function correction signals (717,
719). The adjustment of the LUT (711) is then frozen. At this
point the amplitude and phase error signals (82, 84) are due
solely to residual amplitude and phase variation in the
amplifier (22) due to memory effects. These error signals
(82, 84) can this be used to adjust the scaling factors in the
FIR filters.

Firstly, the amplitude FIR filter (713) is adjusted. Assum-
ing that the filter has N+1 multiplier coefficients (or scaling
factors) h,(0) to h,(N) which are used to multiply a set of
M+1 successively delayed samples of the envelope signal
(36). Note that N may be greater than M. The M+1 samples
of the envelope signal and an equivalent set of M+1 delayed
amplitude error signals (82) are input into a digital signal
processor (DSP) (79). The multiplier coefficients are then
updated according to the following algorithm which is
implemented in the DSP (79):

[x(n)| for n=0 to M is the sequence of captured succes-

sively delayed input envelope samples,

e(n) for n=0 to M is the sequence of captured amplitude

error signals

ha(0)—=h,(k)—ptye,(n) |x(n-k)| for k=0 to N and for n=0 to M

where u, is a small convergence coefficient.

The new set of multiplier coefficients are fed from the
DSP (79) to the multipliers (90) of filter (713) as shown in
FIG. 9. Then a fresh set of envelope |x(n)| samples and error
e,(n) samples are fed into the DSP (79) and the process is
repeated. This process is iterated until the multiplier coef-
ficients of the filter (713) have converged to final values. The
point of convergence may be defined by a fixed number of
iterations known to be sufficient. Alternatively, the multi-
plier coefficients may he monitored by a suitable metric to
terminate the iterations when no further change is detected.
Once the amplitude filter (713) has converged, the multiplier
coefficients h,(k) are frozen.

The phase filter (715) of the type shown in FIG. 9 can be
adjusted by an equivalent process. Once this has been done
the initial adaptation of the filters (713) and (715) is com-
plete. Small variations in the response of the amplifier (22)
with temperature, power supply and time may result in a
deterioration of the effectiveness of the pre-distortion. This
may be countered by performing further iterations of the
LUT (711) and amplitude and phase linear filters (713, 715)
at each clock cycle or on a periodic basis. In order to ensure
system stability, it is advisable to only adapt one of these
three system elements (the LUT (711), the amplitude filter
(713), the phase filter (715) at a time, taking the three system
elements n turn.

What is claimed is:

1. An amplifier arrangement comprising:

an amplifier for amplifying an input radio frequency (RF)

signal to generate an output RF signal, said input RF
signal being subjected to delay prior to being amplified;
and
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a pre-distortion circuit for generating a correction signal,
said pre-distortion circuit comprising:

a linear function processor which generates a linear
function correction signal as a function of previous
samples of the input RF signal; and

a pre-distortion processor for distorting the delayed
input RF signal in accordance with the linear func-
tion correction signal in order to compensate for
amplifier generated distortion in the output RF
signal,

wherein the linear function processor comprises:

a first delay line for delaying the input signal by one
cycle;

a subtractor for subtracting the delayed input signal
from an undelayed input signal;

second and third delay lines for each delaying the
subtracted signal by one cycle; and

a multiplier for multiplying the subtracted signal by
a scaling factor.

2. An arrangement according to claim 1 wherein the linear
function has the form:

N
g0 =) hlx(z -]

K=0

where
g(t) is the linear function,
h(k) is a scaling factor,
[x(t=k)| are the previous samples of the input signal, and
N is the number of previous samples.
3. An arrangement according to claim 1 wherein the linear
function processor is a finite impulse response filter.

4. An arrangement according to claim 1 wherein the linear
function has the form:

B(O=K{ |x(t-2)|-Ix(-3)[}
where
h(t) is the linear function,
K is a scaling factor,

[x(t-2)| is the sample of the input signal two samples

before the current input signal, and

[x(t-3)| is the sample of are input signal three samples

before the current input signal.

5. An arrangement according to claim 1 wherein the linear
function processor is an amplitude linear function processor
for generating an amplitude linear function correction signal
to compensate for amplitude distortion in the amplifier and
the pre-distortion processor generates an amplitude correc-
tion signal in accordance with the amplitude linear function
correction signal and amplitude modulates the input signal
with the correction signal.

6. An arrangement according to claim 1 wherein the linear
function processor is a phase linear function processor for
generating a phase linear function correction signal to com-
pensate for phase distortion in the amplifier and the pre-
distortion processor generates a phase correction signal in
accordance with the phase linear function correction signal
and phase modulates the input signal with the correction
signal.

7. An arrangement according to claim 1 wherein the linear
function processor comprises an amplitude linear function
processor for generating an amplitude linear function cor-
rection signal to compensate for amplitude distortion in the
amplifier and a phase linear function processor for generat-
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ing a phase linear function correction signal to compensate
for phase distortion in the amplifier and the pre-distortion
processor generates an amplitude correction signal in accor-
dance with the amplitude linear function correction signal,
generates a phase correction signal in accordance with the
phase linear function correction signal, amplitude modulates
the input signal with the amplitude correction signal and
phase modulates the input signal with the phase correction
signals.

8. A arrangement according to claim 1 wherein the linear
function processor comprises:

a plurality of delay lines arranged in a series for delaying
the input signal successively by one cycle;

a plurality of multipliers for multiplying by a scaling
factor a respective one of a plurality of tapped signals,
selected from the input signal and the outputs of any
one of the delay lines; and

an adder for adding the outputs from the multipliers.

9. An arrangement according to claim 1 wherein the linear
function processor is a digital processor.

10. An amplifier arrangement comprising:

an amplifier for amplifying an input radio frequency (RF)
signal to generate an output RF signal, said input RF
signal being subjected to delay prior to being amplified;
and

a pre-distortion circuit for generating a correction signal,

said pre-distortion circuit comprising:

a non-linear function processor which generates a non-
linear function correction signal as a function of a
sample of the current input RF signal;

a linear function processor which generates a linear
function correction signal as a function of previous
samples of the input RF signal; and

a pre-distortion processor for distorting the delayed
input RF signal in accordance with the non-linear
function correction signal and the linear function
correction signals in order to compensate for ampli-
fier generated distortion in the output signal,

wherein the linear function processor comprises:

a first delay line for delaying the input signal by one
cycle;

a subtractor for subtracting the delayed input signal
from an undelayed input signal;

second and third delay lines for each delaying the
subtracted signal by one cycle; and

a multiplier for multiplying the subtracted signal by
a scaling factor.

11. An arrangement according to claim 10 wherein the
non-linear function processor is implemented as a look-up
table.

12. An arrangement according to claim 10 wherein the
pre-distortion processor distorts the input signal in accor-
dance with a sum of the linear function correction signal and
the non-linear function correction signal.

13. An arrangement according to claim 10 wherein the
non-linear function processor generates an amplitude non-
linear function correction signal for compensating for ampli-
tude distortion and a phase nonlinear function correction
signal for compensating for phase distortion.

14. An arrangement according to claim 10 wherein the
linear function has the form:
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N
g0 = ) hiolxtr -l

K=0

where
g(t) is the linear function,
h(k) is a scaling factor,
[x(t=k)| are the previous samples of the input signal, and

N is the number of previous samples.

15. An arrangement according to claim 10 wherein the
linear function processor is a finite impulse response filter.

16. An arrangement according to claim 10 wherein the
linear function has the form:

B(O=K{|x(t-2)e(--3)[}

where
h(t) is the linear function,
K is a scaling factor,

[x(t-2)| is the sample of the input signal two
before the current input signal, and

samples

[x(t=3)| is the sample of the input signal three samples

before the current input signal.

17. An arrangement according to claim 10 wherein the
linear function processor is an amplitude linear function
processor fox generating an amplitude linear function cor-
rection signal to compensate for amplitude distortion in the
amplifier and the non-linear function processor generates an
amplitude non-linear function correction signal to compen-
sate for amplitude distortion in the amplifier and the pre-
distortion processor generates an amplitude correction sig-
nal in accordance with the amplitude linear and non-linear
correction signals and amplitude modulates the input signal
with the correction signal.

18. An arrangement according to claim 10 wherein the
linear function processor is a phase linear function processor
for generating a phase linear function correction signal to
compensate for phase distortion in the amplifier and the
non-linear function processor generates a phase non-linear
function correction signal to compensate for phase distortion
in the amplifier and the pre-distortion processor generates a
phase correction signal in accordance with the phase linear
and non-linear function correction signals and phase modu-
lates the input signal with the phase correction signal.

19. An arrangement according to claim 10 wherein;

the linear function processor comprises an amplitude
linear function processor for generating an amplitude
linear function correction signal to compensate for
amplitude distortion in the amplifier and a phase linear
function processor for generating a phase linear func-
tion correction signal to compensate for phase distor-
tion in the amplifier;

the non-linear function processor comprises an amplitude
non-linear function processor for generating an ampli-
tude non-linear function correction signal to compen-
sate for amplitude distortion in the amplifier and a
phase non-linear function processor for generating a
phase non-linear function correction signal to compen-
sate for phase distortion in the amplifier; and

the pre-distortion processor generates an amplitude cor-
rection signal in accordance with the amplitude linear
and non-linear function correction signals, generates a
phase correction signal in accordance with the phase
linear and non-linear function correction signals,

16

amplitude modulates the input signal with the ampli-
tude correction signal and phase modulates the input
signal with the phase correction signal.
20. An arrangement according to claim 1 wherein the
5 linear function processor and the non-linear function pro-
cessor are digital processors.
21. An arrangement according to claim 10 wherein the
linear function processor comprises:

a plurality of delay lines arranged in a series for delaying

10 the input signal successively by one cycle;

a plurality of multipliers for multiplying by a scaling
factor a respective one of a plurality of tapped signals,
selected from the input signal and the outputs of any
one of the delay lines; and

an adder for adding the outputs from the tap multipliers.

22. Amethod of linearising an amplifier for amplifying an
input radio frequency (RF) signal to generate an output RF
signal, said input RF signal being subjected to delay prior to
being amplified, said method comprising the steps of:

generating a linear function correction signal which is a
linear function of previous samples of the input RF
signal; and

distorting the delayed input RF signal in accordance with
the linear function correction signal in order to com-
pensate for amplifier generated distortion in the output
RF signal,

wherein the step of generating linear function correction
signal comprises the steps of:
delaying the input signal by one cycle;
subtracting the delayed input signal from an undelayed
input signal;
twice delaying the subtracted signal by one cycle; and
multiplying the subtracted signal by a scaling factor.
23. A method according to claim 22 wherein the linear
function has the form:

30

35

N
g0 = Al -]

40 k=0

where
g(t) is the linear function,

45 Dh(k) is a scaling factor,

[x(t-K)| are the previous samples of the input signal, and
N is the number of previous samples.
24. A method according to claim 22 wherein the linear

function has the form:
50

HO=K{x(¢=2)|-b(e-3)[}

where

h(t) is the linear function,

55 K is a scaling factor,

[x(t-2)] is the sample of the input signal two samples
before the current Input signal, and

[x(t-3)] is the sample of the input signal three samples
before the current input signal.

25. A method according to claim 22 comprising the steps

of:

generating an amplitude linear function correction signal

to compensate for amplitude distortion in the amplifier;

60

65  generating an amplitude correction signal in accordance
with the amplitude linear function as correction signal;

and
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amplitude modulating the input signal with the amplitude
correction signal.
26. A method according to claim 22 comprising the steps
of:
generating a phase linear function correction signal to
compensate for phase distortion in the amplifier;
generating a phase correction signal in accordance with
the phase linear function correction signal; and
phase modulating the input signal with the phase correc-
tion signal.
27. A method according to claim 22 comprising the steps
of:

generating an amplitude linear function correction signal
to compensate for amplitude distortion in the amplifier;

generating a phase linear function correction signal to
compensate for phase distortion in the amplifier;

generating an amplitude correction signal in accordance
with the amplitude linear function correction signal;

generating a phase correction signal in accordance with
the phase linear function correction signal, amplitude
modulating the input signal with the amplitude correc-
tion signal; and

phase modulating the input signal with the phase correc-

tion signal.

28. A method according to claim 22 wherein the genera-
tion of the linear function correction signal comprises the
steps of:

generating a plurality of delayed input signals succes-

sively delayed by one cycle;

multiplying each delayed input signal by a scaling factor;

and

adding the plurality of multiplied delayed signals.

29. A method according to claim 22 carried out in the
digital domain.

30. Amethod of linearising an amplifier for amplifying an
input radio frequency (RF) signal to generate an output RF
signal, said input RF signal being subjected to delay prior to
being amplified, said method comprising the steps of;

generating a linear function correction signal which is a

linear function of previous samples of the input RF
signal;
generating a non-linear function correction signal which
is a non-linear function of the input RF signal; and

distorting the delayed input RF signal in accordance with
the linear and non-linear function correction signals in
order to compensate for amplifier generated distortion
in the output RF signal,

wherein the step of generating the linear function correc-

tion signal, comprises:

delaying the input signal by one cycle;

subtracting the delayed input signal from an undelayed
input signal;

twice more delaying the subtracted signal each time by
one cycle; and

multiplying the subtracted signal by a scaling factor.

31. A method according to claim 30 wherein the non-
linear function processor is implemented as a look-up table.

32. A method according to claim 30, comprising the step
of pre-distorting the input signal in accordance with a sum
of the linear function and the non-linear function correction
signals.

33. A method according to claim 30 comprising the steps
of;

generating a non-linear function correction signal for

compensating for amplitude distortion; and
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generating a non-linear function correction signal for
compensating for phase distortion.
34. A method according to claim 30 wherein the linear
function has the form.

N
g =" hiolxtr -l

K=0

where
g(t) is the linear function,
h(k) is a scaling factor,
[x(t-K)| are the previous samples of the input signal, and

N is the number of previous samples.
35. An arrangement according to claim 30 wherein the
linear function has the form:

HO=K{x(¢=2)|-b(e-3)[}

where
h(t) is the linear function
K is a scaling factor

[x(t-2)] is the sample of the input signal two samples
before the current input signal
[x(t-3)] is the sample of the input signal three samples
before the current input signal.
36. An arrangement according to claim 30, comprising the
steps of:
generating an amplitude linear function correction signal
to compensate for amplitude distortion in the amplifier;
generating an amplitude non-linear function correction
signal to compensate for amplitude distortion in the
amplified;
generating an amplitude correction signal in accordance
with the amplitude linear and non-linear function cor-
rection signals; and
amplitude modulating the input signal with the amplitude
correction signal.
37. A method according to claim 30, comprising the steps
of:

generating a phase linear function correction signal to
compensate for phase distortion in the amplifier.

generating a phase non-linear function correction signal to
compensate for phase distortion in the amplifier;

generating a phase correction signal in accordance with
the phase linear and non-linear function correction
signals; and

phase modulating the input signal with the phase correc-
tion signal.

38. A method according to claim 30 comprising the steps

of:

generating an amplitude linear function correction signal
to compensate for amplitude distortion in the amplifier;

generating a phase linear function correction signal to
compensate for phase distortion in the amplifier;

generating an amplitude non-linear function correction
signal to compensate for amplitude distortion in the
amplifier;

generating a phase non-linear function correction signal to
compensate for phase distortion in the amplifier;

generating an amplitude correction signal in accordance
with the amplitude linear and non-linear function cor-
rection signals;
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generating a phase correction signal in accordance with
the phase linear and non-linear function correction
signals;

amplitude modulating the input signal with the amplitude
correction signal; and

phase modulating the input signal with the phase correc-
tion signal.

39. A method according to claim 30 wherein generating

the linear function correction signal comprises the steps of:

generating a plurality of successively delayed signals;
multiplying by a scaling factor each delayed signal; and

adding the delayed multiplied signals.

40. A method according to claim 30 carried out in the
digital domain.

41. An amplifier arrangement comprising:

an amplifier for amplifying an input radio frequency (RF)
signal to generate an output RF signal, said input RF
signal being subjected to delay prior to being amplified;

an error detection processor responsive to the input RF
signal and the output RF signal for generating an error
correction signal which represents a difference between
the input and output RF signals due to amplifier gen-
erated distortion;

an adaptive linear function processor responsive to the
error correction signal for implementing a linear func-
tion of previous samples of the input RF signal to
generate a linear function correction signal; and

a pre-distortion processor for distorting the delayed input
RF signal in accordance with the linear function cor-
rection signal in order to compensate for said amplifier
generated distortion in the output RF signal,

wherein the linear function processor comprises:
a plurality of delay lines arranged in a series for
delaying the input signal successively by one cycle;
a plurality of multipliers responsive to the error cor-
rection signal from the error correction processor for
multiplying by a scaling factor a respective one of a
plurality of tapped signals, selected from the input
signal and the outputs of any one of the delay lines;
and
an adder for adding the outputs from the multipliers,
and the arrangement additionally comprises a digital
signal processor for generating the scaling factors in
response to the error correction signal in accordance
with a means squared error form of adaptation.
42. An arrangement according to claim 41 wherein the
linear function has the form:

N
g0 =) hlx(z -]

K=0

where

g(t) is the linear function,

h(k) is a scaling factor,

[x(t=k)| are the previous samples of the input signal, and

N is the number of previous samples,
and the arrangement additionally comprises a digital signal
processor for generating the scaling factors h(k) in response
to the error correction signal in accordance with a means
squared error form of adaptation.

43. An arrangement according to claim 41 wherein the
linear function processor is a finite impulse response filter
and additionally comprises a digital signal processor for
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generating scaling factors h(k) for the filter in response to the
error correction signal in accordance with a means squared
error form of adaptation.

44. An arrangement according to claim 41 wherein the
linear function processor is an amplitude linear function
processor for generating an amplitude linear function cor-
rection signal in response to an amplitude error correction
signal which represents a difference between the amplitude
envelope of the input and output signals due to distortion in
the amplifier and the pre-distortion processor generates an
amplitude correction signal in accordance with the ampli-
tude linear function correction signal and amplitude modu-
lates the input signal with the correction signal.

45. An arrangement according to claim 41 wherein the
linear function processor is a phase linear function processor
for generating a phase linear function correction signal in
response to a phase error correction signal which represents
a difference between the phase of the input and output
signals due to distortion in the amplifier and the pre-
distortion processor generates a phase correction signal in
accordance with the, phase linear function correction signal
and phase modulates the input signal with the correction
signal.

46. An arrangement according to claim 41 wherein the
linear function processor comprises an amplitude linear
function processor for generating an amplitude linear func-
tion correction signal in response to an amplitude error
correction signal which represents a difference between the
amplitude envelopes of the input and output signals due to
distortion in the amplifier for generating an amplitude linear
function correction signal and a phase linear function pro-
cessor for generating a phase linear function correction
signal in response to a phase error correction signal which
represents a difference between the phase of the input and
output signals due to distortion in the amplifier and the
pre-distortion processor generates an amplitude correction
signal in accordance with the amplitude linear function
correction signal, generates a phase correction signal in
accordance with the phase linear function correction signal,
amplitude modulates the input signal with the amplitude
correction signal and phase modulates the input signal with
the phase correction signals.

47. An amplifier arrangement comprising:

an amplifier for amplifying an input radio frequency (RF)
signal to generate an output RF signal, said input RF
signal being subjected to delay prior to being amplified;

an error detection processor responsive to the input RF
signal and the output RF signal for generating an error
correction signal which represents a difference between
the input and output RF signals due to amplifier gen-
erated distortion;

an adaptive linear function processor responsive to the
error correction signal for generating a linear function
correction signal which is a linear function of previous
samples of the input RF signal;

a non-linear function processor for generating a non-
linear function which is a non-linear function of the
input RF signal; and

a pre-distortion processor for distorting the delayed input
RF signal in accordance with the linear and non-linear
correction signals in order to compensate for said
amplifier generated distortion in the output RF signal,

wherein the linear function processor comprises:

a plurality of delay lines arranged in a series for
delaying the input signal successively by one cycle;
a plurality of for multiplying by a scaling factor gen-
erated in response to the error correction signal a
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respective one of a plurality of tapped signals,
selected from the input signal and the outputs of any
one of the delay lines; and
an adder for adding the outputs from the tap multipliers
and the arrangement additionally comprises a digital
signal processor for generating the scaling factors in
response to the error correction signal in accordance
with a means square error form of adaptation.

48. An arrangement according to claim 47 wherein the
non-linear function processor is implemented as a look-up
table.

49. An arrangement according to claim 47 wherein the
pre-distortion processor distorts the input signal in accor-
dance with a sum of the linear function correction signal and
the non-linear function correction signal.

50. An arrangement according to claim 47 wherein the
non-linear function processor generates an amplitude non-
linear function correction signal for compensating for ampli-
tude distortion and a phase non-linear function correction
signal for compensating for phase distortion.

51. An arrangement according to claim 47 wherein the
linear function has the form;

N
g0 =) hlx(z -]

K=0

where

g(t) is the linear function,

h(k) is a scaling factor,

[x(t=k)| are the previous samples of the input signal, and

N is the number of previous samples
and the arrangement additionally comprises a digital signal
processor for generating the scaling factors in response to
the error correction signal in accordance with a means
squared error form of adaptation.

52. An arrangement according to claim 47 wherein the
linear function processor is a finite impulse response filter
and the arrangement additionally comprising a digital signal
processor for generating scaling factors for the filter in
response to the error correction signal in accordance with a
means squared error form of adaptation.

53. An amplifier arrangement comprising:

an amplifier for amplifying an input radio frequency (RF)

signal to generate an output RF signal, said input RF

signal being subjected to delay prior to being amplified;
and

a pre-distortion circuit for generating a correction signal,

said pre-distortion circuit comprising:

a linear function processor which generates a linear
function correction signal as a function of previous
samples of the input RF signal; and

a pre-distortion processor for distorting the delayed
input RF signal in accordance with the linear func-
tion correction signal in order to compensate for
amplifier generated distortion in the output RF
signal,

wherein the linear function processor comprises:

a plurality of delay lines arranged in a series for
delaying the input signal successively by one
cycle;

a plurality of multipliers for multiplying by a scaling
factor a respective one of a plurality of tapped
signals, selected from the input signal and the
outputs of any one of the delay lines; and

an adder for adding the outputs from the multipliers.
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54. An arrangement according to claim 53 wherein the
linear function has the form:

N
g =" hiolxtr -l

K=0

where

g(t) is the linear function,

h(k) is a scaling factor,

[x(t-K)| are the previous samples of the input signal, and

N is the number of previous samples.

55. An arrangement according to claim 53 wherein the
linear function processor is a finite impulse response filter.

56. An arrangement according to claim 53 wherein the
linear function has the form:

B(O=K{|x(t-D)|-x(--3)[}
where
h(t) is the linear function,
K is a scaling factor,

[x(t-2)] is the sample of the input signal two samples

before the current input signal, and

[x(t-3)] is the sample of the input signal three samples

before the current input signal.

57. An arrangement according to claim 55 wherein the
linear function processor is an amplitude linear function
processor for generating an amplitude linear function cor-
rection signal to compensate for amplitude distortion in the
amplifier and the pre-distortion processor generates an
amplitude correction signal in accordance with the ampli-
tude linear function correction signal and amplitude modu-
lates the input signal with the correction signal.

58. An arrangement according to claim 53 wherein the
linear function processor is a phase linear function processor
for generating a phase linear function correction signal to
compensate for phase distortion in the amplifier and the
pre-distortion processor generates a phase correction signal
in accordance with the phase linear function correction
signal and phase modulates the input signal with the cor-
rection signal.

59. An arrangement according to claim 53 wherein the
linear function processor comprises an amplitude linear
function processor for generating an amplitude linear func-
tion correction signal to compensate for amplitude distortion
in the amplifier and a phase linear function processor for
generating a phase linear function correction signal to com-
pensate for phase distortion in the amplifier and the pre-
distortion processor generates an amplitude correction sig-
nal in accordance with the amplitude linear function
correction signal, generates a phase correction signal in
accordance with the phase linear function correction signal,
amplitude modulates the input signal with the amplitude
correction signal and phase modulates the input signal with
the phase correction signals.

60. An amplifier arrangement comprising:

an amplifier for amplifying an input radio frequency (RF)

signal to generate an output RF signal, said input RF
signal being subjected to delay prior to being amplified;
and

a pre-distortion circuit for generating a correction signal,

said predistortion circuit comprising:

a non-linear function processor which generates a non-
linear function correction signal as a function of a
sample of the current input RF signal;
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a linear function processor which generates a linear
function correction signal as a function of previous
samples of the input RF signal; and

a pre-distortion processor for distorting the delayed
input RF signal in accordance with the non-linear
function correction signal and the linear function
correction signals in order to compensate for ampli-
fier generated distortion in the output signal,

wherein the linear function processor comprises:

a plurality of delay lines arranged in a series for
delaying the input signal successively by one
cycle;

a plurality of multipliers for multiplying by a scaling
factor a respective one of a plurality of tapped
signals, selected from the input signal and the
outputs of any one of the delay lines; and

an adder for adding the outputs from the tap multi-
pliers.

61. An arrangement according to claim 60 wherein the
linear function has the form:

N
g0 =) hlx(z -]

K=0

where

g(t) is the linear function,
h(k) is a scaling factor,
[x(t=k)| are the previous samples of the input signal, and

N is the number of previous samples.
62. An arrangement according to claim 60 wherein the
linear function has the form:

HO=K{x(t-2)}- (-3}

where

h(t) is the linear function,
K is a scaling factor,

[x(t-2)| is the sample of the input signal two samples
before the current input signal, and

[x(t=3)| is the sample of the input signal three samples

before the current input signal.

63. A method of linearising an amplifier for amplifying an
input radio frequency (RF) signal to generate an output RF
signal, said input RF signal being subjected to delay prior to
being amplified, said method comprising the steps of:

generating a linear function correction signal which is a

linear function of previous samples of the input RF
signal; and

distorting the delayed input RF signal in accordance with

the linear function correction signal in order to com-

pensate for amplifier generated distortion in the output

RF signal,

wherein the step of generating the linear function correc-

tion signal comprises the steps of:

generating a plurality of delayed input signals succes-
sively delayed by one cycle;

multiplying each delayed input signal by a scaling
factor; and

adding the plurality of multiplied delayed signals.

64. A method according to claim 63 wherein the linear
function has the form:
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N
g =" hiolxtr -l

K=0

where
g(t) is the linear function,
h(k) is a scaling factor,
[x(t-K)| are the previous samples of the input signal, and
N is the number of previous samples.

65. A method according to claim 63 wherein the linear
function has the form:

B(O=K{|x(t-D)|-x(--3)[}
where

h(t) is the linear function,

K is a scaling factor,

[x(t-2)] is the sample of the input signal two samples

before the current input signal, and

[x(t-3)] is the sample of the input signal three samples

before the current input signal.

66. Amethod of linearising an amplifier for amplifying an
input radio frequency (RF) signal to generate an output RF
signal, said input RF signal being subjected to delay prior to
being amplified, said method comprising the steps of;

generating a linear function correction signal which is a

linear function of previous samples of the input RF
signal;
generating a non-linear function correction signal which
is a non-linear function of the input RF signal; and

distorting the delayed input RF signal in accordance with
the linear and non-linear function correction signals in
order to compensate for amplifier generated distortion
in the output RF signal,

wherein the step of generating the linear function correc-

tion signal comprises the steps of:

generating a plurality of successively delayed signals;
multiplying by a scaling factor each delayed signal; and
adding the delayed multiplied signals.

67. A method according to claim 66 wherein the linear
function has the form:

N

g = Mkl -kl

K=0

where
g(t) is the linear function,
h(k) is a scaling factor,
[x(t-K)| are the previous samples of the input signal, and

N is the number of previous samples.
68. An arrangement according to claim 66 wherein the
linear function has the form:

HO=K{|x(¢=2) |- [x(-=3)]}
where

h(t) is the linear function

K is a scaling factor

[x(t-2)] is the sample of the input signal two samples
before the current input signal

[x(t-3)] is the sample of the input signal three samples
before the current input signal.
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