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The present invention relates to radio receivers and more particularly to
compensating radio receivers that are a special case of superheterodyne receivers
having an intermediate frequency of zero.

BACKGROUND OF THE DISCLOSURE

In the field of radio receivers, there has been a concentrated effort to reduce
the amount of tuned circuitry used in the receivers. By reducing the number of tuned
circuits, large portions of the receiver can be integrated resulting in smaller receivers.
These compact receivers can then be used in many areas such as cellular telephones.
A major advance in the design of such receivers is a technique known as the "zero-
IF* technique.

According to theory, an IQ radio receiver ¢can be éonstructed according to
Figure 1, in which the radio signal S from the antenna 1 is applied directly to two
balanced, quadrature mixers 2a, 2b (mathematically-multiplying devices) where the
signal is multiplied respectively by a sine and cosine wave at the carrier frequency of
signal S generated by a local oscillator 3. In this manner, the I-channel or in-phase
signal and the Q-channel or quadrature signal are generated. The multiplication
devices yield outputs containing both sum frequency components around 2f and
difference frequency components around zero frequency. DC or low pass filters 4a,
4b eliminate the former and accept the latter. The zero frequency components can
then be amplified to any convenient level by low-frequency amplifying stages Sa, 5b
instead of high frequency amplifiers. Essentially, the zero-IF receiver eliminates the
interim conversion to an intermediate frequency by converting the incoming signal
directly to baseband in a single operation.

In practice, this so-called zero-IF approach is beset with a variety of practical
problems, one of which concerns the imperfection of the balanced mixers as compared
to perfect mathematical multipliers. The most troublesome aspect of this imperfection
is the gencration of a DC offset or standing voltage that can be many orders of
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Another proposed solution used in conventional superheterodyne radio

10  receivers is partial amplification of the input signal at the original antenna frequency.
The partially amplified signal is then converted to a convenient intermediate frequency
IF for further amplification before being applied to the balanced quadrature mixers.

In this situation, the locally generated sine and cosine waves are at the IF rather than
the antenna frequency, so leakage back to the antenna is of no consequence.

15 However, by adding IF tuning circuitry, the simplicity and reduced size of the zero-IF
receiver are lost. An altemmative method of overcoming DC offset from the 1Q mixers
may employ the technique variously called AC coupling, DC blocking, high-pass
filtering or differentiation to eliminate the standing or DC offset voltage. The trade-
off with this method is the result that the DC and low-frequency components are lost

20  or gravely distorted. This trade-off is unacceptable in digital transmission systems
which use QPSK (Quadrature Phase Shift Keying) or MSK (Minimum Shift Keying)
modulation techniques. These modulation techniques generate low frequency
components that must be preserved.

U.S. Patent No. 5,241,702 discloses a method of compensating for low

25 frequency offset without losing or distorting the DC and low-frequency components of
the desired signal. Initially, the received signal is differentiated to filter out the DC
offset. The signal is amplified to a suitable level and then integrated to recapture the
original DC and low frequency signal components. The integration essentially
restores the filtered components to their original values in the amplified signal using

30  an arbitrary constant of integration of bounded magnitude to generate a restored
signal. Using various techniques that exploit predetermined signal patterns or inherent
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| ow frequencynwanted slopenis moeremovdibdt the:stmexime as semoving the unwanted arbitrary
constants of re-integration by estimating both the constants and the slopes and
subtracting these systematic errors from the I and Q waveforms respectively. The I
and Q waveforms are then processed by numerical signal processing algorithms to
15 demodulate and decode the information.

However, problems still remain even for the above identified methods. Rate
of change of the DC offset or signal slope still causes problems. Therefore, it is
desirable to provide a method for compensating for the rate of change or signal slope
so that decoded information modulated on the radio input signal is substantially

20 unimpaired.

SUMMARY OF THE DISCLOSURE
- It is an object of the present invention to provide a method for compensating

for the rate of change or signal slope so that decoded information modulated on the
25 radio input signal is substantially unimpaired. A radio receiver according to one

embodiment of the present invention receives a signal via an antenna and mixes it

~ down to the complex baseband using a local reference oscillator. The complex

baseband signal comprises a real part (I waveform) and an imaginary part (Q

waveform) that are corrupted by DC offsets arising from mixer imperfections or from
30 reference oscillator leakage radiation being received at the antenna as coherent self-

interference.
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correspondingly unequal digital increment/decrement values that are applied to the re-
10 integrating 1,Q accumulators, the values being set by a calibration procedure or being
updated by feedback calculated from the estimated slope errors.

According to one embodiment of the present invention, an improved radio
receiving apparatus for direct conversion of signals to a baseband for processing is
disclosed. The radio receiving apparatus comprises direct conversion means for

15 converting a radio input signal to a complex baseband signal having a real waveform
and an imaginary waveform. Slope and offset compensation means estimate offsets
and systematic drifts in the real and imaginary waveforms and compensate for the
drifts and offsets such that decoding of information modulated on the radio input
signal is substantially unimpaired.

20 According to another embodiment of the present invention, an improved
analog-to-digital conversion apparatus is disclosed. Comparator means compare an
input signal voltage with a feedback voltage and generating a high/low indication at a
regular repetition rate determined by a clock pulse train. A principal integrator means
integrates a controlled current to generate the feedback voltage. Charge pump means

25 produce said controlled current controlled in magnitude by a stepsize controller and in
direction or sign in accordance with the high/low indication. Stepsize controller
means controls said current magnitude in dependence on historical values of the
high/low indications and produces a digital stepsize value indicative of the current
magnitude generated by the charge pump for a positive-direction of current flow and a

30 negative direction of current flow respectively. Accumulator means add or subtract
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and a mismatch between a sample of the modulated signal and the expected value is

computed. The hypotheses are then sequentially extended by one symbol, the slope

and offset estimates are updated and the mismatches are accumulated to form a path

metric value for each extended hypothesis, and resolving between said hypotheses

15  based on said path metric values using a Viterbi Sequential Maximum Likelihood
Sequence Estimation process to produce a most likely hypothesis of said modulated
information symbols substantially unimpaired by said additive slope and offset.

BRIEF DESCRIPTION OF THE DRAWINGS
20 These and other features and advantages of the invention will be readily

apparent to one of ordinary skill in the art from the following written description,
used in conjunction with the drawings, in which:

Figure 1 illustrates 2 simple block diagram showing a prior art receiver using
the zero-IF technique;

25 Figure 2 illustrates a prior art homodyne receiver;

Figure 3 illustrates slope error compensation in an A-to-D convertor according
to one embodiment of the present invention; and

Figure 4 illustrates slope compensation after A-to-D conversion of the I and Q
waveforms.
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DETAILED DESCRIPTION OF THE DISCLOSURE
Figure 2 illustrates a direct conversion receiver 10 according to the principles
of U.S. Patent No. 5,241,702, which is incorporated herein by reference in its
entirety. An antenna 11 receives a radio signal which is filtered in a filter 12 to
5 remove strong out-of-band interferers. The filtered signal is then amplified in a low-
noise amplifier 13 and downconverted in quadrature mixers 14 and 15 against local
reference oscillator 16 which is tuned nominally to the center of the channel frequency
being received. The complex baseband signals from mixers 14 and 15 are low-pass
filtered in channel filters 17 and 18. Low pass filtering the complex baseband signals
10  with filters having a cutoff frequency of Fc is equivalent to bandpass filtering the
radio signal with a filter bandwidth of 2Fc. One of the advantages obtained using
direct conversion receivers is that such low pass filters are easier to construct than
high-Q bandpass filters. The problem with homodyne receivers is that mixers 14 and
17 do not give out a zero level when no input signal is present. Instead, the mixers
15  output static DC levels on the order of tens of millivolts. If the amplifier 13 attempts
to provide a great deal of amplification to raise the wanted signal from the microvolt
levels received at the antenna to a level of hundreds of millivolts needed to swamp the
DC offsets, then stronger signals in other channels, which are not removed until after
passing through filters 17 and 18, will be amplified to even greater levels and will
20  saturate the amplifier 13 and mixers 14 and 15 which have limited voltage swing
capability as determined by the given battery supply voltage. Moreover, when the
mixer output offsets are caused by leakage from the oscillator 16 being received at
antenna 11 as coherent self-interference, it does not help to increase the amplification
in the amplifier 13 since this will just increase the DC offsets as well as the wanted
25 signal without improving their ratio. _
According to the principles of U.S. Patent No. 5,241,702, the DC offset from
the mixers 17 and 18 may be distinguished from the much smaller signal components
by the fact that the DC offset is relatively static while the signal components are
changing due to modulation with information. Therefore a means is used to digitize
30 the changes or time derivatives of the filtered mixer output signals.
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Intermediate Frequency amplifier chains used in a conventional superheterodyne
15  receiver having a non-zero Intermediate frequency.

To provide the receiver with a high dynamic range, i.e., the ability to handle
wanted signal levels ranging from the noise level to perhaps 100dB stronger than the
noise level, the delta modulation technique can incorporate variable stepsize or
companding whereby the step control logic unit 25 can enable charge pumps of

20  different current magnitudes according to the need to cause principal integrator
capacitors to follow a large signal swing or a small signal swing. A typical
companding principle is to decide to increase the stepsize or charge pump current if
comparator 21 or 22 indicates three successive "ups” or three successive "downs,”
showing that the voltage on a capacitor is having difficulty keeping pace with the

25  signal variations. The decision to increase the stepsize causes an increment to be
added to a stepsize register in the logic unit 25, while no decision to increase the
stepsize causes the stepsize register to be reduced using a decrement. While different
increments and decrements giving different companding laws are well known and are
not material to the general principal of the present invention, it is important however

30 that companding be applied jointly to both the I and Q channel delta modulators by
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between sai d bypOLNESEF 1, 172, 1/4, 1/8 .... and enabling each according to a corresponding
binary bit in the stepsize register. Thus, if the stepsize register contained the value
100000, only the current source having the largest current value of 1 unit would be
enabled, while if the register contained 01010000, then a current value of 1/2 + 1/8

10 = 0.625 units would be obtained. The sign of the current is determined by the sign
of the comparison latched in the latch 23 for the I channel and the latch 24 for the Q
channel, and causes either a P-type current source connected to the positive supply
rail to be enabled to charge the associated capacitor to a higher voltage or an N-type
current source connected to the -ve supply rail to be enabled to discharge the

15 capacitor to a lower voltage. The magnitude of the charge or discharge current is
however decided by the bit content of the step control register.

The capacitors 20 and 21 are thus caused to follow the I and Q waveforms

respectively, consisting of a large DC offset or pedestal on top of which a small
signal variation lies. The up/down series of steps of the delta modulator represents

20 the signal changes however, and not the DC offsets which are thereby removed.
Accumulators 27 and 28 receive the stepsize register values and the up/down sign
sequences produced for the 1,Q signals by the two-channel companded delta-modulator
and add or subtract the digital step value to each accumulator according to the
associated I or Q sign. The accumulators may be reset to zero at some convenient

25  point such as at the beginning of a TDMA radio signal burst and thereafter will follow
the signal 1,Q waveforms with the mixer DC offsets having been removed. If when
an accumulator was reset, the corresponding I or Q part of the received signal was not
at that time zero, an error will be introduced which represents a DC shift or offset of
the 1 or Q waveform, but which however cannot now be any greater than the signal

30 level itself and so does not risk causing the digital values out of the accumulators 27
and 28 to saturate at maximum or minimum. This residual offset which represents an
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A preferred method of carrying out operations on the output signals from the

S accumulators 27 and 28 is to collect all values over some suitable signal segment,
such as a TDMA burst, in a memory and then to process them retrospectively. One
method of removing the arbitrary constants of re-integration could then be, for
example, to compute the average value of the I samples and the Q samples over the
segment, expecting it to be zero, and then to subtract the mean value from the stored

10 Iand Q values. More sophisticated methods of processing to demodulate digitally
modulated information can involve Viterbi equalizers to compensate for echos or
Intersymbol Interference in the propagation path or radio channel, and operate by
using a training pattern of known symbols inserted periodically in the signal stream to
estimate the amplitude and phase of delayed echos. Data symbol sequences of

15  sufficient length to encompass the longest echo delay are then postulated, and using
the echo estimates, a corresponding 1,Q value to be expected is calculated. The error
between the 1,Q value received and that expected is accumulated for successive data
sequence postulates that are mutually compatible and the sequence with the lowest
cumulative error (path metric) is then selected as the output.

20 In this process, it is also possible to use the known training pattern to estimate
the constants of integration as well as the echos, and the estimated constants of
integration are simply added to the 1,Q predictions made using the echo estimates and
a data sequence postulate to predict the 1,Q value that should be received including
said constant offsets. The constant offsets of reintegration are thereby prevented from

25 contributing to the cumulative path metric of the Viterbi equalizer and thus do not
cause an error in the determination of the most likely data symbol sequence.

In the receiver illustrated in Figure 2, the digital output values from 1,Q
accumulators 27 and 28 correspond to the voltage values on the capacitors 19 and 20
which are caused to follow the 1,Q signals. The capacitors perform an analog

30 integration of successive up/down current pulses of a given step magnitude while the
accumulators perform a digital integration of the same step magnitude given by the
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baseband signals fromm xers 14 and 15 anpg | ow pass filtered in
channel filters 17 and 18. Low pass filtering the conpl ex baseband signals

10 wth fil s b v finrdisdible Qo Pandpass
11 tering tnaepise RIS Soiitl togic P ASACH, Roniver, pragiGaly AyRiible o DECPES
advant ages ohbﬁueckmongspondmd ibetwasen ﬂmmnuenismnmby@hugc pumpsi26andh | ow
pass filters are easier, to onstuct an . The
problemwith é"’g%‘E’e M W&&@‘%H‘%‘%ﬂgﬁ%ﬁf bhkt give .
out a zero | qw. mem hﬁmﬁtorihﬂdlbétwb&n NPPsandt PNP bipolan diansistersithater s 15
out put statlc on .the order o ns of | |
anpl i fier$ eﬂ%ﬁﬁ%dﬁ to obtain,a lﬁvﬂﬁﬁmﬁﬂgF@gFeﬂgéymﬁxaﬁﬁ%?*#ﬁﬁéqﬁ%n to
raise the Wa & SsSdisted poditive turiefit $Hufide) VTiis, when a pbsitivd curfent souredisat t he
antenna to a level of hundreds of mllivolts needed, {9 swa
of fsets, therenghledpeba comegponding stepsizedegistar, valug ¥ ‘s\ﬂﬂfi@ ggﬂ’é‘!‘ﬁ?‘@?mved
unti| after fig fabid%ndShe Vilbé VOIS sabtRicieli ed t o
even greater ?eveﬁ%%ﬁ%%‘gﬁ%t% e anp |?| er 13 and m xers 14
and 15 whi ch firamdhd accimelitorothe ageumulitoryvalue wxll mpam exactly the original yrlved by
the give at t su vol t t put
of fsets 2}‘2 C ﬁ?’t& M%Wsm ]I '}ag’t orﬁ‘?go g‘el sr%ﬂlmeigg{ee%é at
antenna 11 asbetwéenrthethaige ind dischafgercarrents. Thusicafter admairhef yp/dawn ncr ease the
anplification t he I|f|er si.nc n ase the
DC of fsets as%?“dé’s'ﬂf ﬁ@”ﬁg??tp kit Vot ditl divbrgk! Fre
negative feedback inherent in the delta modulation process forces the capacitor to
follow the input signal, but the accumulator value will diverge by an increasing
15  amount per up/down pair and thus exhibit a slope error which could eventually cause
overflow. This problem of divergence between the accumulator values and the true
1,Q values is solved by the present invention.
One embodiment of the present invention comprises inclusion of slope error
compensation within the delta-modulation AtoD conversion process and more
20  specifically within the digital re-integration process. Figure 3 illustrates one method
of compensating slope errors according to the present invention. A number of
selector gates 23,31,...32 are connected to select between a first value (considered a
positive value) and a second value {considered a negative value) according to whether
the sign of the up/down step determined by the delta-modulator’s comparator is +
25  (up) or - (down). Each pair of positive and negative values is stored in a
corresponding pair of registers or memory positions. A person skilled in the art will
appreciate that the arrangement of registers and selectors 30,31,.... 32 can be
conveniently implemented in an integrated circuit by means of a small Random Access
memory or Electronically Erasable and Programmable Read Only Memory
30 (E2PROM) with appropriate addressing arrangements.



25 signal wi thout inproving their ratio. According to the

Juinciples of 11S Patent No. 5 241,702 the DCoffset from the

--m xers 17 and 18 nay be distinguished fromthe nmuch small er signal
conponent s by the fact that the DC offset is relatively static while
t he signa Qﬁﬁgents are changi ng due to nodul ati '

informatiltg‘#.p erefore a neans is used to digitize 30 t&‘g‘rc %Jr%g? or tine
derivatives of the filtered m xer output signals. WO 96/ 28885
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The | and Q channel signals are thus di Ltized preferably after
differentiation to renpve the statit DC of fset conponents, and this is

aCoonpL | Shed oY 54 W i o st Sk R RRCISE Rt BPIE o,
cdpaci tor 1ftegsiu@ régistefli tdthepridk axtpa bitdn ftled dtepsize register indicaedta durrent Q si gnal
Cormpar af of < TBEAHdR SSPRHH e SENEEOS e BES ARG AGAYS #h e 16« W
respective /g fefitiR€1d Sich ot TRERUGAIT the birtim Wavindichi<dy Me stbligh | S
registered in |atches 23 and 24 L. '

S Ddit, so the magnitude indicated by a particular stepsize bit was the same regardless of
sign. The actual positive and negative current sources cannot be perfectly matched,
thus giving rise to the slope error. In the arrangement illustrated in Figure 3, the
magnitudes stored in the register pairs are independent for the positive and negative
stepsign. Moreover, the values associated with different stepsize register bits are not

10  constrained to bear a power of two relationship to each other. Rather, each register
may be programmed with a value representing the actual current of the positive or
negative current source that is enabled by a particular bit of the stepsize register.
Thus, when a current source or combination of current sources is enabled to increase
or decrease the charge on the principal integrator capacitor, the accumulator 38 will

15  be increased or decreased with an exact corresponding value. This occurs through
cach bit that is equal to a binary "1" in a stepsize register 36 enabling an associated
gate 33,34,...35 to pass a selected one of the register values from selector 30,31,...32
through to an adder 37. Thus, the digital values selected to be added in the adder 37
to the accumulator 38 correspond to the analog current source values that are enabled

20 by stepsize register 36 and the stepsign bit to sum into the principal integrator
capacitor. Thus, the accumulator value will follow more accurately the voltage
changes on the principal integrator capacitor that in turn follow the wanted signal
component. The accuracy is optimized by programming values into register/selector
circuits 30,31,...32 that accurately represent the relative current values of the positive

25 and negative current sources. This could, for example, be carried out at the
production stage by means of a calibration procedure in which each current source
was enabled in tum, its current value measured, and a corresponding digital value
stored in memory. A non-volatile memory such as E2PROM is normally provided
attached to the device’s main control microprocessor for storing such factory

30 calibration values. The stored values can later be recalled (on power-up, for example)
and downloaded into registers 30,31,...32.



at a regular clock rate and then processed in a step current control |ogic

unit 25 to provi de _up/down commands to the charge._punps 26. The
‘conmparators 21 and 22 are 10 able to sense even mnute errors of

m crovolts between the voltage on a princi pal i nt egrator capacitor
appl i ed to‘gggﬁ' t and the | or Qsignal applied to theP@l‘gE%m”ss
conparat or 1nput. -Thus, nost of the receiver gain can be sai 0 occur in
conparators 21 and 22 which have simlar technical requirenents to the
hardlimting I ntermedi ate Frequency anplifier chains used in a
conventional superheterodyne 15 receiver_having a non-zero Internedi ate
frequency. To provide the rdéeiver with a hi gh dynam c range,

i.e., the ability_t,o handl nted signal |gvels r [ N romthe

noi se level to p_epH&pE"PBﬁﬁ’E?g’tm%%h “°fem_3'sﬁﬁ S‘gg*'e'géd% del ta
modul ation t %P&%&HGAWdécBﬁﬁé a%mugmmh%&&ﬂmgm iaformation comémandi ng
whereby the step control logiC unit 25 can enable charge punps of 20

di fferent cuﬂlﬁs&ﬂﬂm@jﬁf thecraerived signal waveferm fremithe waveform that wopldhe pal
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t hree successive "ups" (or .tAr C i "d PP i t hat the
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si gnal vari atnumber of timesckach sureent source) o ermbleilito gederyts apositise swrsem and

i ncrement to pe dded to a stepsize reqgister, in .the,l LC upikt 25,
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register to kfcorRaatigcthe fiveative Araagenent of Fighid 3. Behbtirigathé number of tidésement s

and decrenents giving different, cong?ndi Rig“l aws_are wel |, known . and are
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i mportant however 30 that conpanding be applied jointly to both the I and

Q channel delta nodul ators b . . .
: NLI1 + N2.12...... + Nm.Im = differcace in signal voltage between beginning and end of
burst.

15 This may not be solvable to separate the values of Ii after processing only one signal
segment, but after processing approximately m signal segments there are enough
equations to solve. In practice, the Kalman sequential least squares process is the
preferred approach for updating the calibration of the Ii values. The Kalman
procedure is a method for solving in the least squares sense all equations collected to

20  date, but in an efficient manner that expresses the changes from the previous best
solution in terms of the most recently acquired equation coefficients. Thus, the
calibration of the Ii values can be updated by the Kalman process after processing
each signal segment.

It may not be necessary to execute the Kalman procedure so often, as the

25 calibration of hardware-related parameters is not expected to change rapidly. Itis
possible to accumulate a number of the above equations into groups having similar Ni
values and then to process the accumulated groups only occasionally, in order to
conserve processor power. For example, if all the equations having N1 as the largest
coefficient are summed into a group 1, the sum of the N1 coefficients will

30 increasingly come to dominate over the sums of the others. Likewise, if all the
equations having N2 as the largest coefficient are summed into a group 2, then the
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means of a commopn stepsize register so as to preserve equality of gain in
the two channel s. The val ue nonentarily residing in the
stepsi ze ragbdlsgis "y be used to determ ne a corr espiishdosy I ent
pul se value fromthe charge punps 26 by, for 5 exanpl e, constructing a
series of charge punps having current nagnitudes in the bi nary ratios
of 1, 1/2, 1/4, 1/8 .... and enabling each according to a correspondi ng
bi-nary bit in the stepsize register. Thﬂé’ I f the stepsize register
cont ai ned t he val ue 100000, only the current source having the |argest

current val ue of i t ld b | ed, [ le jif. .St er

cont ai ned OM(ﬂgé%F H?ﬁg?fﬁg‘u%'ﬁr“?@ﬁ?msé? gﬁﬁg?&l/%ﬁghl%&m&’:é@ﬂg% units
\A?ulﬂ be Obmbmeﬂroluim misgm;j yoﬁgtgileeawﬂmmi:é eqnﬂﬁbmmnu?dem ndre s have

of the conparjson |atgched in fhe t¢ 3 for the I..channel d the |atch
24 for {he @diagonal.sefficient matsk, suchbeing.ihe mast welb-Sonditionsd for.sofubion, cilher °
connect ed t Qireélfy Iy thie \4&quehtidP 'Kalman teclirigule. t 0 be enabled to charge the
associ ated capacitor’ to_a higher voltage or an N, current source

connect el to t he Amaltematiys technique fop siope ewmmnna!mdg éf“gm HbFiSHE 45
CaPeC ] o' i M I of o ALt i ' gz
regi ster. complex number samplesafiter thealigitizgion process. alnitially, it is assumed the ¥ ol | ow
the I and Qaﬂ@&;&ﬂmlators were set 0 zero just before information bearing signal samples
were received. Since it could not be known if the received signal plus noise was
10 indeed zero at the reset instant, the error known as the arbitrary constant of re-
-integration is introduced, which however is now of magnitude no greater than the
wanted signal changes. Figure 4 illustrates 1,Q waveforms having both this constant
offset and a systematic slope. The offsets and slopes are independent for the I and Q
waveforms and have to be separately determined. One simple method is to simply fit
15 the best straight line to the digitized value sequence of the form Y=aX+b. Curve
fitting techniques are well known in the art. The result of fitting a straight line in the
least squares sense to the I or Q sequence is to yield a value a; for the slope of the I
waveform, b, for the constant offset of the I waveform and corresponding values for
the Q waveform. Then, the slope and offsets are subtracted from the I and Q
20 waveforms prior to further processing. This simple procedure can suffice in the case
where signal segments are relatively long such that information modulation averages
to zero over the segment and does not cause significant inaccuracy in the
determination of the slope and offset. In the case where this is not so, the initial
estimates of offset and slope can be refined during the decoding of digital information
25 which may represent a digitized voice signal as the information waveform becomes
known and can be subtracted from the determination of slope and offset. For
decoding digital information by means of a Viterbi equalizer, the refining can be
performed successively after processing each 1,Q sample preferably by the technique
known as "Kalman per Viterbi state” as described in U.S. Patent No. 5,136,616 for
30 wupdating frequency error estimates, in U.S. Patent No. 5,204,878 for channel
estimates and in U.S. Patent Application No. 08/305,651 entitled "Fast Automatic



respectively, consisting of a |large DC of fset or pedestal on top of which a
smal'l signal variation lies. The up/down series of steps of the delta
—nodul ator represents 20 the signal changes however, and not the DC of fsets
whi ch are thereby renoved. Accumul ators 27 and 28 receive the

st epsi ze rgegqi val ues and the up/down sign sequ ced for
the 1,Q sivgﬂ% t he two-channel conpanded del t a- nodul g&gﬁﬁgmﬁguand add
or subtract the digital step value to each accunul ator according to the
associated I or Q sign. The accunul ators may be reset to zero at sone
conveni ent 25 poi nt such as at the beginning of a TDVA radi o signal burst

and thereafter will follow t he si | 1,Q wavefornms with the m xer DC
of fsets having been removed. If when . . an accunul ator vvaﬁireset t he
cor r espondi rigain Control® i regapd to; changel gaip eatimates; 1 hesg patepisand applications,dre;; i e

fhe i or O vllobeied By eREREENERE, 10 L e now be any greater {han the

signal 30 [|evel Int"peststate Kalmas® o Miterhi sequeatial maximym likelthogd gequence, o) ues out |
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PCT/ US96/502 Qdtidesolved data sequence hypotheses. Associated with each hypothesis of the datz.
sequence to date, an estimate of the slope and offsets of the 1,Q waveforms can be
made with the effect of the hypothesized data sequence removed. For each state, a
path metric is computed according to known Viterbi techniques and indicates the |
likelihood of the associated data sequence hypothesis being correct. The collection of

10 parameters associated with each data sequence hypothesis is known as a "State
Memory”". The offset and slope stored in a particular state is used to predict the next
1,Q value first on the assumption that the next data bit is a 0 and then on the
assumption that it is a binary 1. The mismatch between the predicted and actual 1,Q
values is computed and added to the cumulative path metric to obtain new path

15 metrics. In this way, the number of states is first doubled, but then may be halved by
selecting to retain only the best of the pairs of states agreeing in all but their oldest
bits. The retained states comprise data sequence hypotheses that have been extended
by one data symbol, and the estimates of the slope and offset in each state may now
be updated on the assumption that the new symbol that has just been added to each

20 extended data sequence is true. Finally, the state having the lowest path metric is
selected to give the decoded data sequence that is most likely to be true, and the
associated 1,Q slopes and offsets are the best estimates of same with that data
sequence having been specifically accounted for. The slope errors may be used then,
for example, to correct the AtoD conversion process by the means shown in Figure 3,

25  or by simpler means such as adjusting the relative values of positive and negative
current sources by feeding back a control signal. It will be understood by those
skilled in the art that the digital information can be modulated onto the radio input
signal using a variety of techniques. For example, the digital information can be
modulated using manchester-code frequency modulation, Gaussian Minimum Shift

30 Keying, DQPSK and Pi/4-DQPSK.



arbitrary constant of re-integration can be renmpved by using prior

estimated error is then subtracted fromthe accunul ator out put val ues
before further processing. A preferred nmethod of carrying out

oper at i O”Sth/fﬂﬁsOUt put signals fromthe 5 accunulat Of’él‘lagﬁﬂ 328 is to
collect all values over sone suitable signal segnent, such as a TDWVA

burst, in a nmenory and then to process themretrospectively. One
met hod of renoving the arbitrary constants of reintegration could then be,

f or exanple, to conpute the average_value of the I sanples and the Q
sanpl es over the segnent, expecti nt 5Tt to be zero, and then to
subtract the nean,yalue fromthe stgred. 10 | ..and val ues. Mbre

sophi sti cat ed netﬂ%ﬂémwm & W@%‘Eﬁﬁ?’é‘l"g GoNPIISINgE  \pqul at ed

infornmation gafedtion Af bOth\OffRf &id fepédompeisation of RUPWaVefdriis iOhotafidids tbe
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operate by limiting byt ather exemplary,and-a pesson skilled ip the art will be ablg 4@ syggsst
peri odi cal 'y oitfdr n2@nsSé ' BRs4Te Ichhsidtzedit Phase

Slopécompensativh that eGerthi
of del ayed echos. Data synbol sequences of 15 sufficient length to
enconpassdt héall withiathe spifitofithe igvention asset oylgnithe followingglaimss i The scope of t he

echo esti mat : f ' : . ' | cul ated. The
error 3’2’[%@%@ ﬁg ) vamgudée%ve Q‘ﬁ?ﬁrﬁﬁ%;*g aﬁ?s accumnul at ed
f or successi desctiption, and all chenges whichpmateuvithis thet inedning andrmangendf gquivaleptst | bl e
and the sequence mith.the koowest cumul ative error (path netric) is

t hen sel ect egméé’ftaﬁ%“\ﬁfpﬁj _bezgnbraced therem.l n this process, it is also

possi ble to use the known training pattern to estinmate the constants
of integration as well as the echos, and the estinmated constants of
integration are sinply added to the I, Q predictions nade using the echo
esti mates and a data sequence postulate to predict the |, Q val ue that
shoul d be received including said constant offsets. The constant

of fsets of reintegration are thereby prevented from 25 contributing to
the cunul ative path netric of the Viterbi equalizer and thus do not

cause an error in the determ nation of the nost |ikely data synbol

sequence.
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In the receiver illustrated in Figure 2, the digital output values froml,Q
accumul ators 27 and 28 correspond to the voltage val ues on the capacitors
19 and 20 whi ch are caused to follow the I, Q signals. The capacitors
performan analog 30 integratign of successive up/down current pulses of a
gi ven step ' e while the e ms] perform L)

I nt egrationﬁg? the sanme step m*gﬁgsuggﬁﬁgégﬁa%he M%% 28885
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stepsi ze register of control |ogic unit 25. It is, ho L iealyl
| npossible to achi eve exact correspgp ence bet we\(,a\ﬂ\"“"”ﬂﬁi Hﬂﬂ"um
é e

generated by charge punps 26 and th tepsi ze regi sterc val ues.s

are known differ es in the physics of P-type and N-type field effect
transi stors ween NPN and PNP bi pol ar transistors that 5 make it
difficult to obtain a nafdnpioved ridiciceiting affarfths mfwoﬁbmrmmi t ude
as t he associ ated positive current source. Thus, when a positive
current sour ct & Raseband for processing, RPMPriSWET espondi ng st epsi ze regi ster val ue

bel 2"y 5 g™ Ao e @S 8k g 1) o' 0
5  complex baseband signal having a real waveform and an imaginary waveform; and
slope and offset compensation means for estimating offsets and
systematic drifts in said real and imaginary waveforms and compensating for said
drifts and offsets such that decoding of information modulated on said radio input
signal is substantially unimpaired.

10 2. A receiver according to claim 1, wherein said compensation- means
comprises sampling and analog-to-digital conversion means for said real and
imaginary waveforms for producing a representative sequence of complex numbers.

3. A receiver according to claim 2, wherein said complex numbers are
stored temporarily in an electronic memory or buffer.

15 4. A receiver according to claim 3, wherein said compensation means
further comprises processor means for processing said complex numbers stored in said
memory for estimating an offset and a slope value separately for the real and
imaginary parts of said complex number sequence.

s. A receiver according to claim 4, wherein said estimated offsets and

20 slopes are subtracted from said complex numbers to yield corrected complex numbers
with constant offsets and removed systematic slope.

6. A receiver according to claim §, further comprising means for further
processing said corrected complex numbers to demodulate and decode information.
7. A receiver according to claim 6, wherein said information is digital

25 information.

8. A receiver according to claim 7, wherein said digital information
represents a digitized voice signal.

9, A receiver according to claim 6, wherein said further processing
performs demodulation of an analog voice-modulated signal.

30 10. A receiver according to claim 9, wherein said analog voice modulation
is frequency modulation. '

i



fromthe accunul ator, the accunulator value will return to exactly the
original . yvalue 10 WhJ._Le_._.L i

-owi ng to the small difference bet ween the charge and di scharge
currents. Thus, after a train of up/down commnds t he capacitor

vol t age aRgebhssgccunul at or vol t . V\, The :ﬁl‘)@ﬁ%i!&?
f eedback ﬁﬂereﬁ?ﬁci n the delta rggﬁ égﬁﬁ cﬂﬁENs farces the Capacitor to
follow the input signal, but the RLAED val de wil | di verge by an

i ncreasing 15 anount per up/down pa| r and tHUS‘EXhIH I‘ j vvh| ch
coul d eventual | y cause overfl ow. 'Iil;}l S problem " mﬂ" mmumm

t he accunul ator val ues and the true ,Q values i's Sol \'7ed by t he
present inventio e .enpodi rre t of t ' v.entlon
Cormr 1 ses | ncl ustbn oft PR agsori 5 it 2, wheret sl feffinfepine

del t a- modul FhdneRes@i-bieCRE}(RA ﬂadmas&ﬁmimaw disig .ﬁpeCIflcally W thin
the digital reintegration pr%ylcess ure 3 |IIus rates one met hod of

conpensating sl op@ er Adgeeeiver imd, phemsinsaid formation-isber  of

sel ector 9afiufatbd T w saffrafliotnpi rgggﬁa@ﬂ.t@au%sk&mm? st val ue
(considered a positive val ue 5 second val ue (consi ered a
negati vedval ue) a3cor Aineeeives appasding to claim 7, wherein spid digitaltinfosmationds st ep

e B AP 008 TP ppcror?) - (20

correspondi ng pailé4. of Anaglpmvedanalog-nsdtgltgl cpmerﬂmmq:para&wnqmsmkl lled in
the art wll appreci ate that. the arrangenent. of ﬁgl St ; and

selectors 30,31..... neans f“mﬁ ﬁ'?lf‘ﬁs\gﬂﬂl
i ntegrat ed deedbadk voltdgeramigenedatifg a high/loWcindicatioAat asegular tmamw or

E:Dgfglroglrlhcal ! é Er aisglge aEd gr r?&‘ﬂambl e Read Only Menory 30 (E2PROM) with
principal integrator means for integrating a controlled current to
generate said feedback voltage;
charge pump means for producing said controlled current controlled in
magnitude by a stepsize controller and in direction or sign in accordance with said
15  high/low indication;
stepsize controller means for controlling said current magnitude in
dependence on historical values of said high/low indications and producing a digital
stepsize value indicative of the current magnitude generated by said charge pump for a
positive-direction of current flow and a negative direction of current flow
20 respect:vely,
~ accumulator means for adding or subtracting said digital stepsize value
to produce a series of accumulated digital values representative of said input signal
voltage waveform.
15.  An improved analog-to-digital conversion technique according to claim
25 14, further comprising: '
calibration means for determining said digital stepsize values that are
most accurately representative of a positive current and a negative current
respectively.
16. A method for processing a signal modulated with information symbols
30 to account for an additive offset and slope, comprising:
making an initial estimate of offset and slope;
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-*Each regi ster pair and associ ated sel ector corresponds to a particular bit

in the stepsize register. In the prior art, a bit in the stepsize

register ipdi a current regnt-tude—aceor{li Ng t Gdynssoghded f | cance,
the bits b@gng always in the seri éré‘”&,%Hffﬁ,HAﬁ/ﬂEEN 1/8.... relative to

—each—other—Fhe-—sign of the currgnt waBERlIddiEBat ed by the stepsign 5  bit,

' e indicated by a partrcular stepsize bit was the sane
mH BI'EEE@“ ll sign. The actual posi %i ve and negative current sources
Ca i S |y mat ched, thus'dT/ingrisetothe sl ope error. In
the arrangenent illustrated. in Figur t, i1 ud t rﬁﬁein t he
régister pairs are ind@%ﬂgew ?@Pmpﬁ%mg%%‘%v@%&& _
stepsi gn. Molhigienfdtion'symbele] ues associated with different stepsize register
bits are not 10 conStrai ned to bear a power, of two | ati onshi p to each
other. Rather, each reQTMWWthMQ%dB?MMSW@!’ﬁ&mw
fepresent | NG ob Bake ah ifbroved Ediftiatddf defier RRdIdge\d Yoring the inod estmaterofent
e

source that i's ena y a particular bit of the stepsize register.
Thus, whef§ a offsetrandisiope againsteach-ofsaidbypothesesi current sources is enabled to

capaci tor, the accumul (el g find i impRived e SOMERL Bdllope n
exact corres mlcdladgg um expected isignalocaiuer andtcomputisg a _mismatddmw@ﬁn_ta sample p§ equal
gate 33, 3u. . simodfled ekl aid s Bl Bl 12" oo for “Values 1rom
sel ector 30,31,...32 sequentidilyeughding said hypotheseSBy ofitrsyambol updafing sad val ues
selected ltoo bs(laopaeda?:s% .scralt etsggat%g g:?c{ ac?ézmulating said mismatches to form a path metric
value for each extended hypothesis; and
. resolving between said hypotheses based on said path metric values
using a Viterbi Sequential Maximum Likelihood Sequence Estimation process to
produce a most likely hypothesis of said modulated information symbols substantially
15 unimpaired by said additive slope and offset.
17. A method according to claim 16, wherein said digital information is
manchester-code frequency modulated on to said radio input signal.
18. A method according to claim 16, wherein said digital information is
modulated on to said radio input signal using Gaussian Minimum Shift Keying.
20 19. A method according to claim 16, wherein said digital information is
modulated on to said radio input signal using DQPSK or Pi/4-DQPSK.
20. A method according to claim 16, wherein said information is digital
information.
21. A method according to claim 20, wherein said digital information
25 represents a digitized voice signal.
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to the accunul ator 38 correspond to the anal og current source val ues that
are—enabled—20—-by—stepsize register.26 and the stepsign bit to suminto

the principal integrator . capacitor. Thus, the accunul ator val ue will
foll ow nore accurately the voltage changes on the principal

i nt egrat or w@peMedsor that in turn follow the wanted signa
The accuracy 1s optim zed by prograpmg ng val ues into regi
circuits 30, 31,.

erTppeoeR o

.32 that accurately represent the relative current val ues

of the positive 25

be ‘carri ed out

current val ue

factory 30 cal i bration es can |l ater be recalled
(on power-up, for exanple) and dommloaied into registers 30,31,...32.
WD 96/ 28885 9
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measur ed,

and negative current sources.
productE@nastage by neans of a callbratlon
procedure in which each current souEEg;
and a corre
nmenory. A non-volatile menmory such
attached to the device's main contr

This could, for exanple,

was enabled in turn, its
ﬂhdlng di gital val ue stored in
ESEEZPRcwlls normal |y provided
& croprocessor for storing such
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It is also possible to |earn the correct contents of registers 30,31,...32
during operation. After ] ] 1 Ni '
—-information content, t he deviation of the received signal waveform
fromthe waveformthat woul d be expected for that information content
can be detv%m inside the digital signal 5 pr ocessohmgﬁ,ﬂg*i ation is
expressed as a nean slope or drift over the signal segnent of the |
and Q waveformnms respectively. It is helgpdul if in addition the nunber
of times each current source was enabled to nerate a positive current and
the nunber of tinmes it generated aThegative rrent are erm ned by logic

unit 25 i ncorporating the i ive arrangenent of SFigure 3. Denoting

t he nunber of times 10 each currlenpt sourceﬁgﬁ is activatpd by N, then
the follow ng equati on shouRdl pg N&21 + N2_12 + N§&Im=
di'fference in signal voltage Qg ing and end of&S 15/This may

not be solvable to separate th only one

si gnal segnent, but afte : nal segnents
t here are enough equat i ops t§ . | man
sequential |east squares proceps i &the ; ch for
updating the calibration of thelli_val #rocedure is a
met hod for solving in the |eas dol | ect®d to 20
date, but in an efficient manner expresses the changQ¥ rom t he

previ ous best solution in te of the nost recentl%acquire

equation coefficients, Thys, phe=—===<zitbratton-ofthe+T-vatuescan be
updat ed by the Kalga=pr<gesy after procesging eag_h si gnal, seg"mant.

It may not be necggsary igo e ecutgthe Kal&an procedure=so of t«m as; the 25
A el atjed pagametersNs not expegted to angel e
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val ues and then to process the accunul ated groups only occasionally, in

order_to conserve processol rEor.exanple if all t

.-having N1 as the | argest coefficient are summed into a group 1, the
sum of the N1 coefficients will 30 increasingly cone to dom nate over the
suns of -t rs. Likew se, if all the equat i ons as the
| ar gest coe 5f%?zgﬁgnt are summed into3é4group 2, then the P@?Mbﬁ%zﬂg

96/ 28885

PCT/ US96/ 02983 -13-

sum of the N2 coeffi Cipoiintmlinlcana ol dom nate. The accunul ati on of

equat i ons I nt o mjg ' ' wll give a cunmul ative equation

set that tends nore tdqJ]have a diagppal coefficient matrix, such being

the nost well-conditiqrjed for solution it her directly or by the
sequenti al Kal man techni que. Ah arterna i techni que for sl ope
conpensation is illustrated ﬁ F?gﬁﬁﬁa-"‘“"FﬁgﬂFr Il lustrates a pair

nce of conpl ex
Initially, it is sunmed t he
re informati beari ng

of I and Q waveforns
nunber sanples after
I and @accunul a

signal sanpl &g
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were received. Since it could not be known if the received signal plus
noise was 10 indeed zero at the reset . insi

arbitrary constant of re- integration is introduced, which however is
now of magni tude no greater than the want ed signal changes. Figure 4
illustrat egﬁ,,@*@vef orms having both g/gi s constant QTR 2
systematic slope. The offsets and sl opes are independent for the I and Q
wavef orms and have to be separately determ ned. One sinple nethod is to
sinply fit 15 the best straight line to the digitized val ue sequence of

t he. form Y=aX+b. Curve fitting techniques are well known in the art.
The result of fitting a straighf line in the | east squares sense to
the I or Q sequence is to yieldla value a, fgr the slope pf the |

waveform b[err] for the constapt offset gifthe | waveform and
tﬁﬂ‘?n1 Then, the pl ope and of fsets

correspondi ng val ues for S
are subtracted fromthe | ZI orns prior to flhrther processing.

Thi s sinple procedure can suff ¢ case wher e| si gnal segnents
are relatively long such t i pf or matf on nodul ati on aver pges to zero
over the segnent and does yni fi cant inaccuracly in the

determ nation of the slope\and AYn the case where this is not so,
the initial est i mat es\ of d sl ope can be refined during the

decodi ng of digital inforny h may represent b digitized voice
signal as the information W : known anpl can be
subtracted fromthe determ ns and of fset. Fof decodi ng
digital information by neans Apfja Viterbi eqslizer, the fefining can be
performed successively aftge pcessi ng each |, \\anple pft ef erably by the
t echni que known as per Viterbi stat®" as depcribed in U S.
Patent No. 5,136,616 for 30\updpting frequency erfQr estijates, in U S
esti mates N in US. Patent
| ed "Fast Automat

Application No. 08/305, 651 ent
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‘Gain Control"” in regard to channel gain estinates. These patents and
applications are i ncor porated by reference herein. In

"per-state Kalman", a Viterbi sequent |331I maxi mum | i kel i hood sequence
estimation procedure for decodi ng data sequences nai ntains a nunber of
as-yet 5 unresol ved data sequence hypot heses. Associated with each

hypot hegj o{:#}ﬁ n e and
of f set sggﬁmﬁfe , Sjgf/a\ﬁllgfdc?? Bgﬁﬁbﬁﬁ Be Oﬁ&e ﬁﬁ%&?&gﬁﬁ%& BF‘ @]&Q

hypot hesesm&l dignsl lesving: thecamplifiede deceived sigaa!t‘subsmthllyd‘ree frompdistortiont rAc is
comput e d| ng 0 _known Viterbi es and i ndi es, th )
likelih SERqY; é‘éﬂea“‘&a‘t‘% %‘&ﬁﬁ@@@w ?fpafw‘% ﬁEcFmThe
col | ect Ideﬁmfvesl@f manmetwwfms il abﬁtbe\aeidmbmcmwﬁmgnﬁmé\a&xmpe& hesi s
|sr-)t<no as a "State ". The offset and slope stored in a

par i culhs digital; valyes 3&%6?1"4‘@9’9‘9@@@? Iiand &,Qxaccumulator toyrestorg dhe I,Q valyes.t he

??l:.t“’rlpi IS an@é ary p}&‘éﬁe m Smt&%q%éggtw‘?‘lmﬁgl CPEOd angn&wl ’C

~ val ues. mmmwmmmmmbwmgnme to ih!evm'aﬂhllgl_nl Indtcﬂncbedmmndnew
" Phen o gubERpyed e o e Hreseifionsd Baipa; LFOB,jne AP DRSS na 1 s
of stat maaaaﬁﬁsnany it i 're-BisbgrhtB® i1’ ard Qeﬁnues exhibititg' & -sydteafic iftrfiR€ of! At €S
CorBD” S%egrg;s%, igg‘{ﬁ{;c‘?nv%,%t ng;? Sis %Qﬁt rem%gd t;\(taetlr;e ‘?*ué?”uqﬁé’ as removing the
unwanted arbitrary constants of re-integration by estimating both the constants and the slopes
and subtracting these systematic errors from the I and Q waveforms respectively, Theland
Q waveforms are then processed by numerical signal processing algorithms to demodulate
and decode the information.
15 "A New Approach to Eliminate the DC Offset in @ TDMA Direct Conversion
Receiver” by B. Lundquist et al., 43rd IEEE Vehicular Technology Conference, Seesucus,
- N.I., USA, May 18-20, 1993, pp. 754-757, discloses a method to overcome the problem
with the DC offset in direct conversion receiver by differentiating, digitizing and re-
integrating the signal.
20 However, problems still remain even for the above identified methods. Rate of
change of the DC offiset or signal slope still causes problems. Therefore, it is desirable to
N provide a method for compensating for the rate of change or signal slope so that decoded
information modulated on the radio input signal is substantially unimpaired.

25  SUMMARY OF THE DISCLOSURE
It is an object of the present invention to provide a method for compensating for the
rate of change or signal slope so that decoded information modulated on the radio input
signal is substantially unimpaired. A radio receiver according to one embodiment of the
| present invention receives a signal via an antenma and mixes it down to the complex baseband
30 using a local reference oscillator. The complex baseband signal comprises a real part (1
waveform) and an mugmary part (Q waveform) that are corrupted by DC offsets arising
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ot oA

/by one data synmbol, and the estimates of the slope and offset in each state

may now be updated on the assunption that the new symbol that has
J ust been added to each 20 extendgd data sequence is true. Finally, the
state having the |l owest path netric i1s selected to give the decoded

dat a sefromrmixer imperfectiomssir fionk eeference dscillator leakage dadistion being recaivescitabed |1, Q
sl opes and of fse a{ est estimates of sanme with that data
sequenc dmh §%é£#$4 y accounted for. The slope errors may be

used t hen, for exanple, to correct the AtoD conversion process by the
means shown in Figure 3, 25 or by sinpler neans such as adjusting the

rel ative values of positive and negative current sources by feeding
back a control signal. It will be understood by those skilled in the

art that the digital information can be nodul ated onto the radi o i nput
signal using a variety of techniques. For exanple, the digital information

can be nodul at ed usi ng manchest er-code frequency nodul ati on, Gaussi an
M ni mum Shi ft 30 Keyi ng, DQPSK and Pi/ 4- DQPSK.

-16- CLAI MS: 1. An inproved radi o receiving
apparatus for direct conversion of signals to a baseband for
processi ng, conprising: di rect conversion neans (10)
for converting a radio input signal to a conplex 5 baseband signa

having a real waveform and an i nmagi nary waveform and
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sI om_a.nd.ﬂf_f_set—cgmaeﬂsatlon means (30-38) for estimating offsets and

ematic drifts in said real and imaginary wavefornms and conpensating for

..sa| d H“‘“L‘ l|ﬂ“‘uu “lw of fsets such that decoding of information nodul ated
on sa gnal is substantially T Fpat-+ed— sai d shape
and offset compensation means conpri sigag: 10| HIS SHEET HASlBﬁENg ating

capacitors (19, 20) which are driven to foll pw thé‘}hﬂtﬁGEDreal and i magi nary
wavef or GEAIMSs charge or discharge current pulse from chargepunps;

TR " TERUS, e oAk Bt e b A 5

posi ti vmmﬁtwmmmabo isifghd . processi ng rreans (25) for
determning corregtion values for said real and imaginary vvavef or ns
wherein said cor réigeet mvmméwaﬁélmgeacqna%iesédﬁdlem%ﬁmﬂégm to be

L LS?E%%‘?‘:S&.‘%“?&%@@‘% m?&?ﬁ%ﬂtﬁm ‘ﬁ%‘ﬁﬁéuﬁ@ ?*"?“Siir; ?'eS?sdf or o
pair are indepen eti compensatibnnmesnsi efnsi egtimating offsets an 2.
br oo es st mpuREE St B uld ofet A raghipar Wy ot N robthallEd B afLent 40, on,

20 offsets such that decoding@t biforniation aeiddlate dndaidl radiovinpht sighslriesubsantidlly
i nformati,on js_di i nformation. 4. Arecelver

i
accor di Wﬁ“@’éﬁ@a?mmgﬂpﬁm%ﬂt’ﬂ?m SPEPTisingon o epresents
dijgi ti zed vo thaglpgg, cl ai m
2, 0\/\/nerel n sail @ e“r"'“B’Pé(l:%szg??}"é““Be %rru#éu%ﬁ:lfo%ﬁ léﬁg ui ation
anal og wovefmmmw ahm‘ﬂeorgilehatge current pulse from ch@rge pumps; ecei ver according to

ot on. e fedio00735 Yo bt A b3t paepar, vabERHE Wl g, o

sai d di poltage onskidrineprating ic&pacitors to gemerats hagsitive/noghtive ilicationy ambdul at ed on
to said radl oin ut ecei ver aqcordl ng t

claim 3, vvh ¢ n%@’mm”m&?m&éﬁm LS EInary sald
rgaio i W%Weﬂ%ﬂ%ﬁam vatuel hid st io3elebt cultR¥f Begnitudes to be applied

1o said charge pumps, said cutrent magnitudes being stored in register pairs and said current
magnitudes for each register pair are independent for positive and negative stepsign.
2. A recciver according to claim 1, further comprising means for further
processing said corrected complex numbers to demodulate and decode information.
20 3. A receiver according to claim 2, wherein said information is digital
information. -
4, A receiver according to claim 3, wherein said digxtal information represents
a digitized voice signal.
S, A receiver according to claim 2, wherein wd fnrther processing performs
25 demodulation of an analog voice-modulated signal. '
6. A receiver according to claim 5, wherein said analog voice modulation is
frequency modulation,
7. A receiver according to claim 3, wherein said digital information is
manchester-code frequency modulated on to said radio input signal. _
30 8. Areceiver according to claim 3, wherein said digital information is modulated
on to said radio input signal using Gaussian Minimum Shift Keying.

N
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-17-- g——A-recerver accor di ng to claim3, wherein said digttal

i,nformatio l“ﬂﬂi ‘ on to said radio input signal using DQPSK or
Pi / 4- DQP n mﬁﬂ“ 96/ 28885
PCT/ US96/ E THIS SHEET HAS BEEN ;I 17-

11. A recei ver accord| ng to cl ai m?,_”whefei n |sai d AEBIAGHD i nfojmation is

9. A receiver according to claim 3, wherein said digital information is modulated
on to seid radio input signal using. DQPSK or Pi/4-DQPSK.
10.-- - A-method for processing a signal modulated with information symbols to
account for an additive offset and slope in said signal, comprising:
- making an initial estimate of offset and slope errors in said modulated
information symbols;
making hypotheses of possible values of a sequence of one or more
information symbols within a predefined period of time;
for each of said hypotheses a data symbol sequence associated with said
10 hypothieses can be used to make an improved estimate of offset and slope and storing the
improved estimate of offset and slope against each of said hypotheses;
for each hypothesis using said improved estimate of offset and siope in
calculating an expected signal value and computing a mismatch between a sample of said
modulated signal and said expected value; a
15 sequentially adding one symbol to said hypothesis, updating said slope and
' offset estimates and accumulating said mismatches to form a path metric value for each
extended hypothesis; and
selecting between said hypotheses based on said path metric values using a
Viterbl Sequential Maximum Likelihood Sequence Estimation process to produce a most
20 likely hypothesis of modulated information symbols which are unimpaired by said additive
' slope and offset, |
= 11. A method according to claim 10, wherein said digital information is
- manchester-code frequency modulated on to said radio input signal.
12. A method according to claim 10, wherein said digital information is modulated
25  on to said radio input signal using Gaussian Minimurn Shift Keying.
13. A method according to claim 10, wherein said digital information is modulated
on to said radio input signal using DQPSK or Pi/4-DQPSK.
14, A method according to claim 10, wherein said infonnation is chgntal .
information,
30 15, A method accordmg to claim 14, wherein md digita] information represents
a digitized voice sigaal.
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manchester code Trequency modul ated on to said radio input signal.

~ to claim7, wherein said digital information is
m)dul at edﬁmmﬂnmﬁﬁﬂ m i nput si gnal usi ng Gaussi an M ni mum Shi ft

Keying. 5% ¢ A receiver according to claim?7, wherein said

digital information is nodul at egg-on to said radi o i nput signal using
DQPSK or Pi / 4- DQPSK. 14. An i nproved anal og-to-digital
conver sChATMSpar at us conpri si ng: conpar at or nmeans for
conpari ng an I nput, sj gnal voltage, back voltage an
generating alhi ghASolFRIAYd Lad n§ @Bwpﬁrf"‘r g‘ﬁ@?l"?’?‘vﬁﬁ“?%’g%ﬁ&% a

det er m p@ehddd for proRessingy!cs ﬁyhg,g n; principal integrator
means for int egratl ng a control ‘ed current to generate said feedback
vol t age; dxrevt conversion piensddO)forsonessting & wdiqinpen signay tose remplex

co troI Si.apsi ze controller
an Wlsﬁpﬁg:ﬂé H’ﬁga Ma%gedmhﬁygaQ%O&'hégh/ | ow i ndi cati on;
3t ep5|dze contr ol Iﬂopmn@a:ffsrt comp?mhéthﬂﬁcaﬂﬁ}(ﬂo-dﬁl rfg:nbstimgmg offgets and
ependence on, Qrical valyes of sai | w indicati roduci ng
2B o ¢ Bsentaio B 3 559 el 3 dmasinacy ST Prp apd EOBINIPUIRS A SwA IS a2d
gener at gefsdaysush ikt GBS JT Rt orfmadulated eﬂﬁla nms RbhSdaP B sﬁf;stﬂt{a'll?nt

flow and a negative direction of current flow 2 respect ively; and

accunul brimpairedrasidf shape aod affsel compiesation m@s@nxmpmhgt tal stepsize val ue

| AGEE Si gnal nneeraR BpeE (TH, Bl ' et ® S ISR TR TN K e ey ©
anal 09- waveiosihs by 2 changercridischirgs Rutréntepuiseciaged icharg é?uﬁ)bﬁ;l m 25 14, further

conpri si ng: cali br ation nmeans for. deternining said
digital stepSYBRArHtAr mean (s 28} for comparing the raeland dmagipayeypeefemeyitha of a

POSI T VQoltage daNaicPiteofatiROAbhdiRrS Y feiibtate a positivéiidpaivd HRlcktion; and
processing means (25) for determining correction values for said real and imaginary
15 waveforms wherein said correction values are used to select current magnitudes to be applied
10 said charge pumps, said current magnitudes being stored in register pairs and said current
magnitudes for each register pair are independent for positive and negative stepsign.

2. A recciver according to claim 1, further comprising means for further
processing said corrected waveforms  to demodulate and decode information. |

20 3, A receiver according to claim 2, wherein said information is digital
information.
4, A receiver according to claim 3, wherein said digital information represents
a digitized voice signal. |
S. A recejver according to claim 2, wherein said further processing performs
25 demodulation of an analog voice-modulated signal.
6. A receiver according to claim 5, wherein said analog voice modulation is
frequency modulation.
7. A receiver according to claim 3, wherein said digital information is
manchester-code frequency modulated on to said radio input signal.
30 8. A receiver according to claim 3, wherein said digital information is modulated
on to seid radio input signal using Gaussian Minimum Shift Keying.
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16. pr.ocessing a signal nodulated with information synbols
30”““mlmmﬂﬂ"ﬂ)m an addi tive offset and slope, conprising:
maki*ngcanti M tisal *esti nate of of fset and sl ope; WO 96/ 28885

PCT/ US96/ 02983 - -18-
maki ng hypot heses of all possible vallies of a sequence of one or nore

I nf or mat | oNng Symbel S.eiver according to claim 3, whetdh s&@ 81318 infoRmtioy ROAdHRERS US| NQ
t he associ ated data synﬁgi seﬁuence to make an i nproved estimte of

of f set oR Rl sfd e@fo APt Sighil uithgt DQPEKRI PiACDQPSKMate of 5  offset and sl ope
agai nst each of said hypot heses; ' for each hypothesis
using said inproved estimate of offset and slope in cal cul ati ng an
expected signal value and conputing a nmsmatch between a sanpl e of

sai d nodul ated signal and said expected val ue;

sequentially extendi ng said hypot heses by one synbol, updating said 10

sl ope and offset estimtes and accunul ating said m smatches to forma path
metric
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vaI ue for each: exten'tled hypot hesi s; and ressogv?g‘go"'ﬂ5 8
thdmmwfh optrjc val ues using MP

-Viterbi Sequential Maxi mum Li kel i hood Sequence Estination process teoP Y
produce a nost likely hypothesis of said nodul ated i nfornmat jme
substantially 15 wuninpaired by said additive slope and of f{ig

17. A net hod BEFr di ng toWMIwmmomam@wgl tal i s
ed on 10 S

T3 A SRR HONAY, APPIACKTION, FUBGISHED U Tk & féﬂﬁqﬁeﬁ%ﬁcﬁ#w FET ¢

nodul &b dderotiontlPaters Chissiadring : | nput i gn h) m.ﬁqpn&wmmmuMem rrum wofamssss
Keyi ng. HY3D 7716, HO4L 27/433. A net hod Aaccording to claim1 in said
digifal information is nodul at e ‘%FP“PB“‘E‘?&FEP“?‘%PG‘% nﬁﬁm?‘bﬁ%(lgt?g‘?ﬁhq
DQPSK or P|/4DQD A net hod accordlnq‘to claim 16

wher ¢f2R Tnterpationnl Application Nuger; o du"&F’P%?Pmm @1) W@‘r 5K eéf‘és“ B(fé_"gé "";;: A
et hpds)aicabtchaliing Batér | i M Pfdarch\MYE [0RI3B6)q a1 d 2B, LRLSAT, LU, LV, MD,

represents a digitized voice signal. , MW, MX, NO, NZ, PL, PT, RO, RU, SD,
¥K, TJ, TM, TR, TT, UA, UG, UZ, VN, ARIPO
(30) Priority Data: et (KE, LS, MW, SD, SZ, UG), Eurasian patent (AM,
08/401,127 9 March 1995 (09.03.95) US RU, TJ, TM), European patent (AT,
) FI, FR, GB, GR, IE, IT, LU, MC,
SE), OAPI patent (BF, BJ, CF, CG, CI, CM, GA,
(71) Applicant: ERICSSON INC. [US/US); One Triangle Drive, ML, MR, NE, SN, TD, TG).
P.O. Box 13969, Research Triangie Park, NC 27709 (US).
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(57) Abstract

A method for processing a signal modulated with information symbols to account for an additive offset and slope is disclosed. First,
an inital estimate of offset and slope is made and hypotheses of all possible values of a sequence of one or more information symbols are
then made. For each of said hypotheses, the associated data symbol sequence is used to make an improved estimate of offset and slope and
the improved estimate of offset and slope are stored against each of the hypotheses. For each hypothesis, the improved estimate of offset
and slope is used in calculating an expected signal value and a mismatch between a sample of the modulated signal and the expected value
is computed. The hypotheses are then sequentially extended by one symbol, the slope and offsct estimates are updated and the mismatches
are accumulated to form a path metric value for each extended hypothesis, and resolving between said hypotheses based on said path metric
values using a Viterbi Sequential Maximum Likelihood Sequence Estimation process to produce a most likely hypothesis of said modulated
information symbols substantially unimpaired by said additive slope and offset.




