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Field of the Invention
The present invention relates to adaptive analog frequency modulation (FM)
for transmitting speech in radiotelephone communication systems, and more
S particularly to analog FM cellular receivers having bandwidths adapted so as to
optimize average demodulated voice quality.

Backgound of the Invention
At the present time, cellular mobile telephone systems use analog frequency

modulation to transmit speech. The three principal cellular mobile communication

10 system standards are the AMPS system used in the United States which uses
wideband frequency modulation with a spacing between channels of 30 KHz, the
TACS system used in the United Kingdom which uses 25 KHz channel spacings,
and the NMT system used in Scandinavia which uses narrowband frequency
modulation with 12.5 KHz channel spacings.

15 In an effort to alleviate the capacity restrictions of the curreat analog
frequency modulation systems, digital transmission has been standardized for
future systems in Europe, the USA, and Japan. Nevertheless, digital transmission
standards are complicated and not suitable for use everywhere. As a result, it is

- an object of the present invention to implement capacity improvements by reducmg

20 the bandwidth occupancy of analog frequency modulation systems.

~ Another approach to increasing system capacity by reducing bandﬁridﬂl
requirements is disclsed in a narrowband FM system according to the NAMPS
specification. In the NAMPS system, a channel spacing of 10 KHz is achieved by
- splitting each 30-KHz channel of AMPS system into three sections. To

25 accommodate the signal within the reduced bandwidth, both the frequency
deviation, or modulation mdex of the transmitted sxcnal and the receiver’ s |
bandwzdth are reduced. ' '
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modulating signal, the bandwidth B required to transmit or receive an FM signal
with at least 98% power transmission is given by the following expression of
Carson’s rule: '

B =2(af+f)

where af is the maximum frequency deviation of the instantaneous frequency of
the FM signal from the carrier frequency and £, is the frequency of the sinusoidal
modulating frequency. The modulation index 8§ is related to af and £, by the -
following expression:

g = Aflf,;

When the modulation index is dominant, i.e., when af » £, the bandwidth
according to Carson’s rule is reduced proportional to the frequency deviation af.
Thus, reducing the frequency deviation results in a commensurate reduction in the
bandwidth. '

" For narrowband FM systems in which the modulation index is small, i.e.,
when af < f_, reductions in the frequency deviation af do not result in

‘commensurate reductions in the bandwidth B. Thus, the level of the desired

modulating signal transported by the modulation system decreases faster than the
noise passed by the receiver as the frequency deviation decreases, and a worsening

'mgnal-to-nozse ratio resuits.

To overcome this problem, bandwidths smaller than the Carson’s-rule
bandwidth can be used when the noise level is high. A smaller bandwidth,
however, causes distortion in the demodulated signal since more energy in the
sidebands of the FM signal is being discarded, but this is preferable to passing
more noiée when the noise level is high. When the noise level is low, however,
the demodulated signal quality is limited by the distortion components, and it is

20
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desirable to increase the bandwidth. Since, in practice, signal levels received by a -
mobile phone fade up and down due to motion and other effects, it is apparent that
the bandwidth of a narrowband FM receiver preferably would adapt to those
effects by varying continuously. | _

5 _ In addition, whea signals on a_.djacent channels are strong, a narrower
bandwidth that suppresses the adjace,ﬁt—channel signals more may be better than a

 wider bandwidth that avoids distortion. When adjacent channel signals are weak

or absent, however, a wider bandwidth that avoids distortion is preferable.
Becatise both the levels of the desired signal and the adjacent-channel signals fade

10 up and down in an uncorrelated fashion, their ratio can vary over a wide range,
again indicating that an adaptive bandwidth can be advantageous.

U.S. Patent No. 4,352,208 to Schroeder describes a. microprocessor-
controlled radio receiver system for automatically switching the bandwidth of an
intermediate frequency (IF) stage between narrow and wide values. The narrow

15 bandwidth is used in a normai mode of operation in which the receiver scans
several channels. The wide bandwidth is used in a second mode in which a2 |
channel has been selected and there are no interfering signals on adjacent channels.
Upon selection of a channel in the second mode, the microprocessor periodically
causes a frequency synthesizer to scan up one channel and down one channel to

20 determine if any interfering signal is present and then to return to the selected
channel. If 'no interfering signal is present on an adjacent channel, the IF stage is
switched from 2 narrow bandwidth to a wide bandwidth to improve the quality of
reception. If an adjacent channel signal of sufficient IF energy is present, the IF
stage remains in its narrow-bandwidth mode.

25 " The system described in the Schroeder patent is unusable in a
communication system, such as a mobile radio telephone system, in which
interference situations are continuously i:hanging. In such systems, it is
‘undesirable, if not impossible, to permit even a temporary loss of the signal on the
selected channel while the recsiver checks the adjacent channels for interference.

30 The present invention provides continuous comparison of in-channel and out-of-
channel energy without continuously retuning the receiver.
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clear reception of desired signals by automatically switching the intermediate
frequency amphﬁer stage between the wide and narrow bandwidths according to

5 the radio field conditions. The bandwidth switching circuit includes a detector for

detecting beat components due to interference contained in received signals and a
change-over switch for switching the bandwidth switching circuit according to
signals detected by the detector, whereby the bandwidth of the intermediate
frequency arplifier stage is automatically switched depending on whether the beat

10 components are present or not.

Summarv' of the Invention

It is an object of the present invention to provide improved capécity by
redﬁcing the bandwidth occupancy of ahaldg frequency modulation systems. In
particular, it is an object of the present inveation to provide an implementation of

15 a receiver that gives improved performanée. using 10 KHz channel-spaced
narrowband frequency modulation.

The present invention concerns the provision of dynamically variable
bandwidth in either AMPS mode or NAMPS mode in order to obtain the best
compromisé between distortion and noise or interference suppression. A preferred

20 embodiment of the present invention allows the bandwidth to be dynamically'
varied between the 30 KHz value needed for AMPS and the 10 KHz value needed
for NAMPS, thus realizing a dual-mode receiver. |

~ In the present invention, a radio receiver is disclosed for demodulating both
wid::'bmd and narrowband frequency-modulated signals. The radio receiver

25 comprises a superheterodyne &equéh‘cy means which converts the received
frequency—modulated signal to a fixed intermediate frequency signal. -A filter then
filters the mtr.nnedxate frequency signal with a first filter bandwidth adapted to a

wideband frequency-modulated signal. The filtered wideband ﬁ‘equency-modulated
signal is then demodulated ina demodularor using a frequency dxscnnunator The

30 mtermedxate frequency signal is then filtered using a second and third ﬁlter

' bandwidth adapted to a narrowband frequency-modulated signal. Finally, the
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Brief Description of the Drawings
These and other features and advantages of the invention will be readily
5 apparent: to one of ordinary slnn in the art from the followmg written description,
used in con;uncuon with the drawings, in which:
Fig 1 schemaucally illustrates a conventional ﬁ'equency modulation (FM)
receiver; -
. Fig. 2 schematically illustrates a preferred embodiment of a dynamicaily
10 variable bandwidth receiver according to the present invention; and .
Fig. 3 schematically illustrates digital signal processing useful in the
preferred embodiment of a dynamically variable bandwidth receiver shown in Fig.
2.

accord| ng to Carson' s ru sBre cled proportional to the frequency
devi ati on [err]f 15 ¢ ing the frequency deviation results in
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15 Fig. 1 illustrates a block dxagram of a conventional FM receiver 5 suitable
for conforming to either the AMPS or NAMPS cellular mobile radiotelephone
specifications, with the appropriate choice of intermediate frequency (IF)
bandwidth of IF filters 50.

The received signal passes from the antenna through a transmit/receive

20 dupiex filter 10, a low-noise amplifier 20, an image rejectmn filter 30 and
- downconverter 40, such as a superhétérbdyne frequency device, where the
recexved signal is converted to a suitable intermediate frequency (II-') The IF
ﬁlters 50 impose the main channel bandwidth restriction to just less than 30 KHz
for the AMPS specification, or around 10 KHz for the NAMPS specification. The

25 IF amplifiers 60 provide most of the amplification and also generate' a received
signal strength indication (RSSI). It is common practice for all of the IF
amplifiers 60 to be contained in a smgle integrated circuit, and for a second
frequency downconversmn to be employed part way through the amphﬁcanon
process ahead of the second IF filter 50, to permit the use of small, low-cost
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”conponents and it to increase the bandw dth. Since, in
practice, signal levels received by a nobile phone fade up and down due to
moti on and other effects, it is apparent-#hat the bandwi dth of a narrowband

FM recei ver preferabl y woul d adapt to those effect by varying continuously.
ceramic filters. In addition, it is also easier to avmd unwanted oscilladons due to

. stray feedback if the total amphﬁmon is split betw&n, two frequencies.

The frequency discriminator 70 operates at the final intermediate frequéncy

(TFs.) and produces a signal output proportional to the instantaneous frequency

5 deviation of the radio signal from its nominal center frequency, whichisa
facsimile of the speech signal used o frequency modulats the transmitter. The
discriminator output signal is band-limited to the 300Hz to 3.4 KHz speech
frequency range in a de-emphasxs ﬁlher 80 to exclude as much noise as possible.
It is also well-known that the noise output of a frequency discriminator increases

10 across the audio ﬁ'equency band, so that the use of pre-emphasis at the transmitter
with compensating de-emphasis in the de-emphasis filter 80 at the receiver 5
improves the signal-to-noise ratio by applying most of the attenuation to the
highest noise components. It is also well-known that the perceived quality of
speech has more to do with the background noise during silent or quiet peciods

15 than the signal-to-noise ratio during loud periods, so that the use of decompanding
or expansion in a decompander 90 at the recsiver 5, which magmﬁes the disparity
between loud and quiet signals, with compensating companding at the transmitter,
leaves the voice signal unchanged while reducing receiver noise in the quiet
periods. The output of decompander 90 is then fed to the telephone earpiece.

20 In the conventonal, known FM receiver illustrated in Fig. '1, the
bandwidths of the IF filter 50 are fixed, since available analog filter technology
does not easily permit the construction of filters of dynamically adjustable
bandwidth. To construct a receiver suitable for operation either in the AMPS or
NAMPS systems, a so-called dual-mode receiver would need to contain selectable

25 30 KHz wide AMPS filters and 10 KHz wide NAMPS filters. Both of these

| ﬁltérs however would, in the conventional solution, have constant bandwidths.

A preferred implementation of the dynamically variable bandwidth receiver
of the present inventon is illustrated in Figs. 2 and 3. The dynamically variable
bandwidth receive;; begins with a _conVentional. downconversion to a suitable first

30 intermediate frequency (11'-') as in Fig. 1, using a transmit/receive duplex filter 10,
a low-noise amplifier 20, an image rejection ﬁltér 30, and a downconverter 40.
Filters 100 and 110 impose a channel bandwidth in the 30 KHz region for the
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adaptlve bandw dt h can be advantageous. U. S. Patent No. 4, 352,708 to
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in a nornal rmd@c‘p‘icoap&r‘&us)n in which the receiver scans
Instead of a frequency dxscnmma.tor the hardlimited output from the final
5 H:amphﬁersﬂxsfedtoaphasedxglmngcxrcuumatpmducssamplwofthe
~ instantaneous phase of the signal. The received signal strength indicator (RSSI)
signal generated by the IF amplifier circuit 120 is fed to an A-to-D converter 140
which produces a digitized value of signal strength. The RSSI signal is preferably
linearly proportional to the logarithm of the signal amplimde. When digitized to
10 S-bxt accuracy, the 8-bit value represens signals over, for example, a 128dB range
msteps of 0.5dB, or over a 64dB rancem steps of 0.25dB. The phase
| digitizer 130 compares agnal t:_'ansmons or edges on the hardlimited IF signal with
those of a stable reference clock 135 to quantize the signal mﬁdom to 6-bit
phase accuracy. The 6-bit modulo-64 value maps exactly to the phase angle range
15 0 to 27 when both are viewed in the circular domain. Approximating the circle
with a revula.r 64-gon, the mappmg is given by:

(p-cpu=—3u§ mod2x V¢, < 9 < @, #=0,12,.
where ¢, = ¢, because of circular periodicity.
The digitized Iog-amplitude and digitized phase iogeiher form a complex
digital number in logpolar form, which is disclosed in U.S. Patent No. 5,084,669
20 which is commonly assigned, the specification of which is hereby incorporated by
reference. ' The stream of complex numbers at a suitably high sample rate, for
ex;mple 240,000 samples per second (240 kilosamples per second or 240kS/s), are
fed to a digital signal processor (DSP) 150 where logpolar-to-cartesian conversxon
takes place resulting in complex numbers of the form, X+jY, where j = -J -
25 Automatic scaling takes place during this conversion so that the cartesian
‘components fit within'the fixed-point wordlength of the DSP 150.
Inside the DSP 150, the X+jY sample rate is first reduced by
downsampling, that is, adding up blocks of adjacent sémples over a moving
window, to 80kS/s to reduce the amount of subsequent arithmetic.
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channel and down one channel to 20 determne if any interfering signal
Is present and then to return to the selecteg channel. If no interfering
signal is present on an adj acent channel the"IF stage i's switched froma

k éﬁwagfggi“ﬁ? tghéﬂn it 1, B & Recfiet 8 B e S s, € ?ﬁ@/
stage remains | amm\wﬁm f@uency discriminatibROISOHEHAIN

described in the Sc roeder patent is unusable’in a comunication system
such as a nobi Iprefa:ﬁmlgm&mmmd@mmsellmk/mmhe details of which are beyond
the scope of this disclosure but can be devised by anyone with ordinary skill in the
5 art of numerical radio 'signal processing. In the alternative, the following
algorithmmnbeemplc;yed:
' 1) Perform discrimination:

.several channels. Thehly\slgg}g 4 s used in a second node in V\:hl ch a
channel has been sel e aﬁh are no interfering signals on adjacent

F=XY ~YX,_;n=12,.N-1

a" a-1
2) . Perform square amplitude calculation:
R =X X +YY; n=0,12, N-1

3) Rescale post-hardlimiting:

R-:q

Xiedn, yrln neg10 N-1
. Ry
10 where X.* and Y.* are rescaled values, and N is the number of samples.

Anocther alternative is to submit the 240,000 samples per second (240kS/s)
of phase directly to a digital phase lock loop v?hich calculates an instantaneous
frequency at the desired 30 KHz downsampled rate. These calculations at an
elevated rate may be performed with the aid of special digital logic in order to

15 relieve the programmable DSP 150 of some of the load.

Once 80kS/s of instantaneous frequency samples have been calculamd they
are submitted to digital post-discriminator filtering, de-emphasis, downsampling
and decompanding according to known digital filter and digital signal processing
techniques to yield 8000 samples per second (8kS/s) of digitized speech which is

20 converted to an analog signal in D-to-A converter 160. The DSP 150 may also
contain numerical calculation programs for other purposes, such as the decoding of
the Manchester coded signalling data used in the AMPS system for control
purposes. | |

_ When the receiver is desired to operate in the NAMPS mode, the X+iY

25 stream is, after a first downsampling to 30kS/s, submitted to a 64-tap finite-
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conti nuous conparison of i n-channel and out-of- channel energy without
continuously retuning the receiver. -4 - US. Patent No. 4,124,817 to
Takahashi di scl oses a bandwi dth swi tching cPrcwt for an internedi ate

frequency anpl it Gr, 5308 GRS alitl, GEFLY e FRARLLITY $own in Fig. 3,
according to known theory, which reduces the bandwidth to that needed by
NAMPS system, namely, a bandwidth that is in the 8 KHz to 12 KHz range.
Furthermore, the output of the FIR filter 190 is further downsampled to 16kS/s in
5 order to reduce the amount of processing needed. A numerical frequency
discriminator algorithm as outlined above is then applied to frequency demodulate
the FIR filter 190 output and the usual audio filtering, de-emphasis and
decompanding are also applied numerically, as shown by audio filter/de-
emphasizer 210, decompander 220, and audio filter/downsampler 230 in Fig: 3.
10 The 64-tap filter coefficients may be calculated by means of a 64-point
Fourier transform of an ideal rectangular filter frequency reéponse having the
desired bandwidth, and then multiplying the result with a raised cosine windowing
function to reduce unwanted sideiobes. According to the present invention, at
- least two sets of these coefficients are precalculated which corresponds to at least
15 two alternate NAMPS bandwidths, for example 8.75 KHz and 11.25 KHz. These
correspond respectively to 64-point rectangular frequency responses respecnvely 7
or 9 points wide, that is,
000000000000000000000000000001 1111110000000000000000000000000000

or
20 00000000000000000000000000001 11111111000000000000000000000000000
since
T \sokaz = 8.75k8;
64
and

(S Vsoka: = 112
[64)_301:3: 112588z,

Only one set of coefficients is used at a time. Normally, the coefficients
. corresponding to 11.25 KHz bandwidth are used if adjacent channel mterference
25 levels are low. The amount of adjacent channel interference is determined by
comparing the total signal power in the 80kS/s stream before the FIR filter 190
wit: qae total signal power in the 16kS/s stream after the FIR filter 190. The
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is obtained. If this exceeds the power in the desired or wanted channel by more
5 than a first threshold, an alternate, narrow bandwidth FIR filter is used.

When more than one alternate bandwidth is available, an even narrower
alternate bandwidth may be selected when the adjacent channel-to-inband (in-
channel) power ratio exceeds a second threshold. If the adjacent channel-to-inband
(inchannel) power ratio falls below a third threshold, the bandwidth is widened

10 again. A deliberate difference between the thresholds for narrowing and widening

the bandwidths is employed in conjunction with the time constant r for measuring
the average signal powers in order to provide hysteresis and prevent excessive
frequent bandwidth switching, which could otherwise cause audio noise.
Typically, the second threshold power ratio for switching from a first
15 bandwidth of 11.25 KHz to a narrower bandwidth of 8.75 KHz would be 128 and
the third threshold for switching back to 11.25 KHz would be 32. The time
constant 7 for determination of the desired or wanted channel power and the
adjacent channel power is approximately 10 milliseconds (10ms). Thus, the
desired or wanted channel power is determined as the sum of squares of 16 KHz
20 samples over a 160-sample moving window, since (16kS/s)(10ms) =160 samples,
and the adjacent channel power is determined as the sum of squares of 80 KHz
samples over an 800-sample moving window, since (80kS/s)(10ms) =800 samples.
The above-described digital signal processing is further illustrated in Fig.
3. The logpolar phase and RSSI values enter at 240,000 samples per second
23 (240E$/s) into a logpolar-to-cartesian conversion routine 170 that uses a
COSINE!SINE wble to calculate cosy and sing and an ANTILOGARITHM table
to convert the received signal strength indicator (RSSI) signal to an amplitude,
having first subtracted 2 scaling value from the RSSI signal. The scaled amplitude |
A so obtained multiplies the cose-+ising values to obtain X+jY values, where
30 X=Acosy, and Y=Asing. ' _
The scaling value is determined such that the moving average of X* + Y°

over 800 samples is in a desired range without risk of overflow or underflow. To
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The scaled X+jY values at 240,000 samples per second (240kS/s) are then
5 downsampled to 80,000 samples per second (80kS/s) in downsampier 180 by
calculating the moving average over three consecutive samples and then adding up

particular, it is anrhglsh&enas(y‘emt a&aesent i nvention to provide an
I mpl enent at I on of 15 r ‘that gives i nproved performance using
.10 KHz chaWﬁ’eqsﬂgffaced

three consecutive values of the moving average to obtain each 80kS/s sample. The
80kS/s X+jY values are then squared and summed over an 800-sample moving
window. “This involves adding the newest sum-of-squares and subtracting the sum-
10 - of-squéres calculated 800 samples ago, requiring a delay memory 800 samples
long.  To reduce the use of memory in the digital signal processor (DSP) 150, the
moving average can be calculated with exponential rather than rectangular
weighting of the past history of past samples. In exponential weighting, the new
average Al is calculated from the old average A(i-1) and the new sample Si as
15 shown below .
Ai= A(i-1)+d(Si-A(i-1)) where d is a small valug,e.g., 1/800
Ai= (1-d)AG-1) + dSi
Ai= (799/800)A(i-1) + Si/800
Thus, all of the old samples contained in the old average get progressively reduced
20 by the value (1-d)= 799/800 which is stightly less than 1 at each iteration, so that
a value of Si that was used N steps ago (Si-N) has been deweighted by (1-d)".
The average is thus Ai= Si + (1-d)S@-1) + (1-d)’S(i-2) ....ect with increasing
powers of (1-d). The advantage of this system is that no old sample values like
S(i-799) are needed, but rather only the previous average and the new sample.
25 In?hat case, the 160-sample rhoving average should also use exponential weighting
of thé past history of past samples.
The 64-tap FIR filters 190 also operate on the X+jY values using
coefficients C,, C;, .., Cg Which are selected from one of two alternative
, coefficient stores corresponding to a 8.75 KHz or 11.25 KHz bandwidth,
30 respectively. The FIR-filtered X+jY values are output from the FIR filters 190 at
a rate downsampled to 16kS/s and are then processed in a digital phase lock loop
- frequency discriminator 200 to demodulate the frequency modulation. The
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denodul ator using a frequency discrim naf & The 30 I nt enedi ate

frequency sigpal is then f{ d f| t er bandw dt h
adapt ed to a MerFBRLAE Wﬁ%ﬁ@o‘#@%{#ﬁ%gﬁﬁﬁgggﬁﬁa& - 5-
according to the NAMPS specification in an audio ﬁlter/de-emphasuer 210,
decompanded in a decompander 220, and finally further audio filtered and
downsampled to 8kS/s xn an audio filter/downsampler 230 before bemg output to a

5 D-to-A converter 160, as shown in Fig. 2.

The bandwidth determiner 240 uses an algorithm for determining whether
the wide or narrow bandwidth should be used. The moving average and/or the
moving sum of the FIR-filtered signal power is scaled by a factor of 5 in a scaler
250 to compensate for the difference between the different numbers of squares

10 summed, or, alternatively, by another number appropriate to compensate as well
for a non-unity scaling through the FIR-filters 190. The scaling of the FIR-filter
coefficients C,, Cy, —, Ceq can in fact be deliberately chosen so that the required
scaling for the 160-sample moving average is a power of two. The scaled, 160-
sample moving average is then subtracted from the 800-sample moving average in

15 a subtracter 260 to obtain the adjacent channel power. Then the adjacent channel
power is compared in a comparator 270 with either 128 or 32 times the inband
(in-channei) signal power, supplied by a scaler 255 (corresponding to either the
second or third threshold powér ratio, respectively), in order to dé:ermine whether
the bandwidth should be decreased or increased, respectively.

20 It will be appreciated by those of ordinary skill in the art that the present
invention can be embodied in other specific forms without departing from the
spirit or essential character thereof. The preseady disclosed embodiments are
therefore considered in all respects to be illustrative and not restrictive. The scope
of the invention is indicated by the appended claims rather than the foregoing

25 deséription, and all changes which come within the meaning and range of
equivalents thereof are intended to be embraced therein. -



further-filtered i n}
frequency YPIEM988Y ng i ption of the Draw ngs TRGRBSE423t her
freat ures and advanta ntion will be readily 5 apparent to

one of ordinary skill in the art fromthe followng witten description,
used in conjunction with the drawi ngs, in ghich: Fig. 1 schematically
illustrates a conventional frequency nodulation (FM Fig. 2 schematically

illustrates amgﬁgm)?nt of a dynamically 10 vari abI e
bandw dth recelrver according to the present invention; and Fig
schenetical l'y illustratds &igdicareceiveméar M@W&@Oﬁb@#‘i&bm‘haﬂw preferred

enbodi nent of _a d‘xg ﬁ'eq e\{xﬁ/-%odaumtgd gw dt h e ecel ver shown in Fig.
. superheterodyne f:equency means for converting said received
5 frequency-modulated signal to a fixed intermediate frequency signal;
~ means for filtering said intermediate frequency signal with a first
filter bandwidth adapted to a wideband frequency-modulated signal;
first means for demodulating said ﬁltcxed wideband frequency-
modulated signal using a frequency discriminator;
10 means for further filtering said intermediate ﬁ-equency signal using a
Second or third filter bandwidth adapted to a narrowband frequency-modulated

signal; and

?ﬂ ncy signal is denodul ated using a
;

second means for demodularing said further-filtered intermediate
frequency signal using a frequency discriminator.

15 2 The radio receiver according to Claim 1, wherein said second
ﬁlner bandwidth is adapted to provide high signal quality when adjacent channel
interference is lower than a predetermined first threshold and said third filter
bandwidth is adapted to provide high signal quality when adjacent channel
interference is higher than 2 predetermined second threshold..

20 3. A radio receiver for demodulating both wideband and
narrowband frequency-modulated signals comprising:
- superheterodyne frequency means for converting said received
frequency-modulated signal to 2 fixed intermediate frequency signal;
| means for filtering said intermediate frequency signal with a first
25 filter bandwidth adapted to a wideband frequency-modulated signal;
first means for démcdulaﬁng said filtered wideband frequency-
modulated signal using a frequency discriminator;
| means for further filtering said intermediate frequency signal using a
variable filter bandwidth adapted to a narrowband frequency-modulated signal; and

* c L L] S *




NAPS cel | ul ar nobile specifications, with the appropriate
choi ce of internediat requency (IF) bangwidth of IF fiters 50. The
recei ved signal passes fromthe antenna t rough a transmt/receive 20

duplex filter 10 alo éHPf'd fd @mﬁ%&ﬁ q t@,@% éd}éﬁr 30
and downconverter 40, sucﬁ &a;gna su;ger eternggne freq?}reﬁ1 evi ce ere the
recei ved si gifrdquercycsignalrdsirg 4 drequenciy tdidriiminatoer nedi at e frequency (I'F). The
IF filters 50 inpose the main channel bandwidth restriction to just |ess

than 30 KHz

. 2. Detai |pm,mee15683"'e“ Repla® i g. 1 illustrates applrffdoqdisagram of
a convenw(g?%ﬁg\/l m“ )l e for conforming to either the AWPS or

4. The radio recsiver accoi'ding to Claim 3, wherein said variable
filter bandwidth is varied as a function of adjacent channel interference levels.

5 5. The radio receiver according to claim 4, wherein said
adjacent channel interference levels are estimated from measurements of the level
of said intermediate frequency signal mode before and after said further filtering.

. 6. The ﬁdio recsiver according to claim 3, wherein said means
for further filtering further compﬁsé; a finite impulse response filter.

10 7. The radio receiver according to claim 3, wherein a frequency
range within which said variable filter bandwidth can be varied is deliberately
restricted.

8. A radio receiver for demodulating both wideband and
nan‘owband frequency-modulated signals comprising:
15 superheterodyne frequency means for cenvemng said recexved
ﬁ'equency-modulated signal to a fixed intermediate frequency signal;
means for ﬁltenng said intermediate frequency signal with a first
filter bandwidth adapted to 2 wideband frequency-modulated s:gnal
means for amphfyxng said filtered intermediate frequency signal and
20 means for analog-to-digital converting said amplified intermediate frequency signal
while preserving the complex vector value of said intermediate frequency signal to
produce a stream of complex-valued samples;
first means for processing said stream of complex vector samples in
a numerical signal processor in order to demodulate said wideband frequency-
25 modulated signal using a2 numerical frequency discriminator algorithm; -
second means for processing said stream of complex vector samples
in a numerical signal processor in order to further filter said stream of complex-

-
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for-the AMPS specif 8 10 KHz for the NAMPS speci fi.cation.
The 25  wo 9shosevp! i e nost of the arrplflcatlwrms&iunuﬁo
generate a received -indication (RSSI). It is conmon
practice for all of the IF arrpllflers 60 to be contained in a single
integrated circuit, and for a second frequency downconversion to be

enpl oyed part way through the anplification process ahead of the second |F
filter 50, to vajedisaniphés wsistg @idigiab iter bPVeriabtd bandwidth adap@tagiacndridwiang.

In addition, it is alsSo easier to avoid unwanted oscill ations due to
frequency- modulated signal; and

. third means for processing said digitally filtered complex sample
stream to demodulate said ﬁxrther-ﬁltered intermediate frequency signal using a
5 numerical frequency dxscnmmator algorithm.

9. The radio recexver according to claim 8, wherein said variable
filter bandwidth is varied as a function of adjacent channel interference levels.

10. The'_radio' receiver according to ciaim 9, wherein said
adjacent channel interference levels are estimated from measurements of the level
10 of said intermediate frequency signal mode before and after said further filtering.

11. The radio receiver according to claim 9, wherein said variable
filter bandwidth is varied between first and second discrete values.

12. The radio receiver according to claim 11, wherein the first
dxscrete bandwidth value is adapted to provide high demodulated signal quality
15 when levels of adjacent channel interference are lower than a predetermined first
threshold and the second discrete bandwidth value is adapted to provide high
demodulated signal quality whén levels of adjacent channel interference are higher
than a predetermined second threshold. |

13. The radio feceiver according to claim 12, wherein said adjacent
20 channel interference levels are estimated from measurements of the level of said
intermediate frequency signal made before and after said further filtering.

14.  The radio receiver according to claim 8, wherein said means
for further filtering further comprises a finite impulse response filter.

_—
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{IF[err]) and produ ut put proportional to the |nstant aneous
- frequency 5 e radi o si naI fromits nom nal center
frequency, which |s a faCSI mle of thé spé ch signal used to frequency

nodul ate the transmtte T Ngl .ot ed
o the. 300ks to 34 Krelspootht FRld iRtk dhodiihl th BANE whieelfd fredBdvCl
to exclude asangecwithin whichsafivearidblefiltet bantwddth candel vaiied is delibéra noi se
output of a frequency discrimnator increases 10 across the audio
frequency barf@stg®d: hat the use of pre-enphasis at the transnmitter with

conpensati ng de-enphasis in the de-enphasis filter 80 at the receiver 5
I nproves the signal-to-noise ratio by applying nost of the attenuation to

t he 16. The radio recetver according to claim 8, wherein said analog-
5§ to-digital conversion digitizes said intermediate frequency signal directly before
said numerical sgnal processing resolves real and imaginary Vector components of
said intermediate frequency signal.

‘ stra Sﬂﬁ of Thi3ShdeoliaIB ladeil cat on i s split between gpci es.
The frequ %‘ sci mumw rates at the final interne ate requency

17. Themdmrecezveraccordmgtoclams wherein said
: mtermed:ate frequency signal is resolved into real and imaginary componeats
10 before separate analog-to-digital ;onverszon of said resolved real and imaginary

components.

18. The radio recsiver according to claim 8, wherein said analog-
to-digital conversion separately digitizes the phase and amplitude of said
intermediate ffequency signal and wherein conversion from polar form to real and

15 imaginary vector components is performed by said numerical signal processor.

19. The radio recetver according to claim 8, wherein said analog-
to-digital conversion separately digitizes the phase of said intermediate frequency
signal and a signal proportional to the logarithm of the amplitude of said
intermediate frequency signal and wherein conversion from logpolar form to real

20 and imaginary vector components is performed by said numerical signal processor.

T
P

20. A radio receiver for recexvmg and demodulating frequency-
modulated signals comprising:
. superheterodyne frequency means for downconvertng a received
. signal to a convenient intermediate frequency;

Ly



hi ghest n e orﬁ{'hls heet wel | -known that the perngsl q, I|ty
of speech%{é ﬁqﬁ@ M@T' Tugi ackground noi se during sil emﬁorl%l et
peri ods 15 t han t oi.se ratio during |oud periods, so that
the use of deconpanding or expansion in a deconpander 90 at the receiver 5,
whi ch magnifies the disparity between I'oudl&nd quiet signals, with
conpensating conpanding at the transnitter, |eaves the voice signal

unchanged whi | e redu0| ngllméefm‘/élmnﬂ %dm ugmsozml using afrsiut of
Conven onal - R ARk fuiitnd § ERRRLGeFR Bty oAd ap last ot g AL of -
not easily Sér‘%ﬁ‘&{‘%’é‘?ﬁmﬂ?' | 2ble analog 11 ter technol ogy does
bandwi dt h. To construct first meas/for megsering 8 firgrsignatievel ofisaid tiitered signale
AVPS or S means for further filtering said filtered signal using a variable filter
bandwidth adapted to said desired signal spectrum;
second means for measuring a second signal level of said further-
filtered signal; |
- means forproéwsing said measured first and second signal levels to
10 estimate a level of an adjacent channel signal compared to a desired signal level;
and

means for “de'tennining a bandwidth setting for said variable
bandwidth filter using said estimated comparative level.

_ 21.  The radio receiver according to claim 20, wherein said
15 means for further ﬁitering further comprises a finite impulse response filter.

22.  ‘The radio receiver according to claim 20, wherein a
frequency range within which said variable filter bandwidth can be varied is
deliberately restricted. ' '

23. A radio receiver for receiving and demodulating frequency-
20 modulated signals comprising:
superheterodyne frequency means for dowqconvercing a received
signal toa convenient intermediate frequency;
means for filtering said mtermedxate frequency signal usmg a first
filter bandwidth encompassing ‘a desired signal spectrum and at least some of an
25 adjacent channel spectrum;
means for digit_izin’g said filtered intermediate frequency signal using
analog-to-digital converters preserving complex vector components of said filtered
intermediate frequency signal to produce a stream of complex-valued samples; and

—— 1
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NANPS systvmsgsmgggo td recei ver woul d need to contain
sel ectabl e 25 filters and 10 KHz wi de REVBS¥113%r s
Both of these fil ter in the conventional solution, have

constant bandw dths. A preferred i rrpl enent EI on of the dynamically variable
bandwi dt h receiver of the present invention®i"s illustrated in Figs. 2 and

downconver ai on to’a sui { e (o ipetstind S8 skl M Saniual-valud SRR g "2

in Fig. 1, usifignechl & mw?@hggn &85 cdBiprising OV noi se anplifier
el er 30, and a 5 h

20, an inmage rejection fil downconverter 40" Filters 100 and
110 i npose a channel bandwi dt meass forgewomising & dystosigtab deveh of said filtered
signal, : ' B o |
5 second means for further filtering said filtered signal using a

variable filter bandwidth adapted to said desired signal spectrum,

means for determining a second signal level of said further-
filtered signai, - S

' means for employing said determined first and second. signal
10 - levels to estimate a level of adjacent channel interference relative to a desired
 signal level, and | |

means for employing said estimated relative level to

determine the bandwidth setting for said variable bandwidth filter.

24.  The radio receiver according to claim 23, wherein said
15 means for further filtering further comprises a finite impulse response fiiter.

25. ‘The radio receiver according to claim 23, wherein a
frequency range within which said variable filter bandwidth can be varied is
deliberately restricted.

26. The radio receiver according to claim 23, wherein said analog-
20 to-digital conversion digitizes said intermediate frequency signal directly.before
said numerical signal pmmsix;g resoives real and imaginary vector components of
said intermediate frequency signal.

27. The radio receiver according to claim 23, wherein said
intermediate frequency signal is resolved into real and imaginary components
25 before separate analog—to-dxgtal conversion of said resolved .real and imaginary
components.

A R



-7- AVPS %% Th@hlf 34 quency anplifier circupdrdsfmesa
silicon |ntegra ed c so contains a second downconversion at a

-downconverter 45. uency discrimnator, the hardlimted
out put fromtheflnal IFarrpllfler Olsfedtoaphase digitizing
circuit that produces sarrpl es of the instdntaneous phase of the signal. The

ol er Ciroui 120 P8 D PRICIERVEr uisollg B AR Aeil sltfralog:

digitized valgigightl congessiors sepagtdly dl’gmzaﬁephag‘aid ampliwdé of sdigi | i nearly
proportional to the |agarithm, of the signal anpl.i tude VWhen di %ti zed to
- intermediate frequency signal and wherein conversion from polar form and

imaginary vector components is performed by said numerical signal processor.

5 | 29. The radio receiver according to claim 23, wherein said analog-
to-digital conversion separately digitizes the phase of said intermediate frequency
signal and a signal proportional to the logarithm of the amplitude of said
intermediate frequency signal and wherein conversion from logpolar form to-real
and imaginary vector.components is performed by said numerical signal processor.

10 - 30. The radio receiver according to claim 1, wherein said means
for further filtering further comprises a finite impulse response filter.

31. The radio receiver according to claim 24, wherein said variable
filter bandwidth is varied by varying tap coefficients of said finite impulse
response filter.

15 32. The radio receiver according to ciaim 31, wherein said tap
' coefficients are varied between at least two sets of discrete values.

-33. The radio receiver according to claim 25, wherein said
frequency restriction further comprises hysteresis means for using hysteresis
between a first threshold level of adjacent channel interference causing said

20 variable filter bandwidth to be decreased and a second threshold level of adjacent
channel mterference causing said variable filter bandwidth to be increased.

34. The radio receiver according to claim 25, wherein said
frequency restriction further comprises averaging means for averaging a filtered
signal level measurement and a further-filtered signal level measurement.

_—
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10 * 8-bit accurat asBoanReplaced 1o represents signal's over, for -
exanpl e, wo 9546888 ran%lll m I 0.5dB, or over a 64dB r ROLYUS4i1I42Eps of
0. 25dB. The phase di 1 B0 are signal transitions or edges on the

hardlimted IF signal with those of a stable reference clock 135 to

quanti-ze the signal transitions to 6-bit-20hase accuracy. The 6-bit
nodul o- 64 val ue maps exactly to the phase angle range 15 O to 2[err]

when both are viewed i 85t Hﬁlecladmjmwnmmdmg\pmdmmrﬁa&lmm rcle with
a regul ar 64-gon, the ma .ng iven b r]. wher er because of
circul ar per AYRTRSing geags, BQ i F’?gﬁ‘gl ﬁ%ﬁ&mﬁﬁ BM d phase
together forma conplex dlgltal nunber in |logpolar form which is disclosed

in US Patent No. 5,084, 669 _
36. The radio receiver according to claim 35, wherein said

averaging means utilizes gxponential weighting of past hmory

—_—
0 i
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20 whitch Ts conmonly assigned,'the specificatioh of which is hereby
IREQLRCHAERG HR}Yadegf erence. The stream of conplex nunmbers at a suitably high
a

S exanmpl e 240, 000 sanpl es per second (240 kil osanpl es per

se Humum& s), are fed to a digital signal processor (DSP) 150 where

| o sro-Cal'tesi an conversion takes place resulting in conplex nunbers
of the form X+jY, where j = [err]-1. 25 Aut omati c scaling takes pl ace
during this conversiepjpso that tjhe cartesian conponents fitlmﬁthin t he

fi xed-poi nt wordl eng&lof the DP 150. Inside the DSP 150, § he X+ Y sanple
rate is first reduced downsgff\ i ng, that is, adding y (s of

adj acent sanples over @ Mayi ng/ S dog to 80kS/s to redHc anount of
subsequent arithnetic. ;:
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and’ dBcorrpandl ng according to known digital

fil

031524 Tes

ter and digital signal

ptocesm ng techniques to yield 8000 sanpl es -per second (8kS/s) of digitized

10 -

20

speech _which is 20 converted to an anal og ss H?‘b: R :: —A-c-ORVeLL.er
160. The~RSP150:may iS00G Y Dy reri cal cal c ‘frb’; ’rﬁ Taﬁ%ﬂfi?ﬁ otHer
pur posjes; sz g5 t-hg gigcodinarl, ile Manchest gr cod ecfPs nﬁ?ﬂeﬁn{:} ®apagedsid
-in the -AMPS,3y$t f kg {le rpgses. Wien t hg .'FEF‘éVPé‘I Q/er pagedesi foepaged . 2.
oper atie--i-n- $Bgq L UJ"HD. 25 1 str{e‘é{‘- jeguin HHPY eﬁaﬁ¢f‘lir®tpa26d )
- ' n#tabsiact sad -~
dowsanpl.i.. ngg; - Sl gé&% 3, th“gt[j a 64-1 _p f i nftdbsitact  :paged B to paged ..
£ LHTHS L I L R S
HS QEOVIHE ~ | DATE CF PECEIPT .. %M. ......

: Thc'pmmxinvenﬁonrelammadapﬁveanalog&equcdcymoduﬁﬁqnm

 for transmitting speech in radiotelephone communication systems, and more
- particularty to analog FM cellular receivers having bandwidths adapted so as to
' optimize average demodulated voice quality.

ventio

At the preseat time, cellular mobile telephone systems use analog frequency |
modulation w0 transmit speech. The three pnnapal cenular mobile commumcanon
systemsmdardsaremeAWSsystemusedmmeUmtedSmeswmchum
wideband frequency modulauonwxdxa.spacmgbetwmchannelsofmmz,thc_
TACS system used in the United Kingdom which uses 25 KEHz ghannel spacings,

¢ ﬁndo t

'mdmeNMrsysmmasedmsmmaﬁawmchmmwpm&equcy-

modxﬂanonmthIZ.SKHzchannelspamngs.

Inaneffortmal]evmetheapacitymmcuonsofmecumanalog
&e:iuencymodulauonsysaems digitalaansmmonhasbeenstandardxzedfor

'ﬁmlresystemsmEurope the USA, and Japan. Nevertheless, digital transmission
's:andardsarecomphawdandnotsmtahleforuseeverywhere Asa.rwxlt.uxs

anobjectofthcpmen:mvennonm xmplementmpamyxmpmvementsbyreducmg
the bandwidth occupancy of analog frequency modulation systems.

Another approach to increasing system capacity by reducing bandwidth
requirements is discidfed in a narrowband FM system according to the NAMPS
speaﬁcauon. In the NAMPS system, a channel spacing of 10 KHz is achieved by
splitting each 30-KHz channel of AMPS system into thres sections. To
accommodate the signal within the reduced bandwidth, both the frequency
'ueviaﬁon, or modulation index, of the transmitted signal and the receiver's
bandwith are reduced. :

REPLACED SHEETS SG

REPLACEMENT SHEET

£ Description : paged ........ to paged :

| Claim(s)
{1 Brawing(s) paged ........ to paged ..........
M Absi:ract >:paged ... to paged ..7.....
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e

9 inpul se response (FIR) filter, such as the FIRfilter 190 shown in Fig.
« 3, according to-kpown theory, V\/m ch reduces the bandwi dth to-that needed by
NAVPS system’ namely, a bandwidth that i's in the 8. KHz to 12 KHz range.
Furthernore, the output of the FIRfilter 190 is further downsanpled to
16kS/s in 5 order to reduce the anpuntqof processing needed. A
nuneri cal frequency discrimnator algorit hm as outlined above is then
applied to frequencyvegsmiiheie of keqienby imddubitiod Wmaihiionfeeiniars satal
' I

audio filtering, de-enphasis and deconp are 0 a-olled nunerlcally,
as shown by audfQsts in e prige arte faching, %ggbeg 25 3

Coet 11 ci ent s nagHE: giadt. & UcChmwilil B E“-'&@Wtf%“f“fmm
modulating signal, ﬂxebandmdﬂlBreqmredmuansmnormveanFMsgnal

S mﬂlatlmst%%powermsmssmn:sngenbymefonowmgexpressmnof
" Carson’s rule:

B = 2(af + £)

where af is the maximum fréquency deviation of the instantaneous frequency of
thie FM signal from the carrier frequency and £, is the frequency of the sinusoidal
10 modulating frequency. The modulation index 8 is related to af and £, by the

B = aflf,

When the moduiation index is dominant, i.e., when af > f_, the bandwidth
according to Carson’s rule is reduced proportional to the frequency deviation af.

15 Thus,redumngme&equencydevmmmultsmacommmmreducnmmme
bandwidth.

FornarmwbandFMsystemsmwhmhmemodlﬂmnmdex:ssman.Lc.,
whccAfsf,,redmnonsmthe&equeucydevxaum.Afdonotresultm
commensurate reductions in the bandwidth B. Thus, the level of the desired

20 modulating signal transported by the modulation system decreases faster than the
no:sepassedbymerecaverasmeﬁ'equencydevmuondecrmes andaworsenmg
sgnal-to—noxserauomults

To overcome this problem,_b_andwidﬂxssmallet than the Carson's-rule
bandwidth can be used whea the noise level is high. A smaller bandwidth,

25 however, causes distortion in the demodulated signal since more energy in the -
sidebands of the FM signal is being discarded, but this is preferable to passing
more noise when the noise level is high. When the noise level is low, however,
the demodulated signal quality is limited by the distortion componeats, and it is

REPLACEMENT SHEET
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Fourier transformof an ideal rectangular filter frequency response having
:the desired bandwi dth, and then nultiplying the result wth a rai sed cosine
Wi ndowi ng function to reduce unwanted sidel obes. According to the present:

i nvention, at |least two sets of these coefficients are precal cuted which
corresponds to at least 15 two alternate NAMS bandw dt hs, for exanple
8.75 KHz and 11.25 KHz. These correspond redpectively-to 64- poi nt

ngggggggggogggguency resgonses @%&I vel 7 or 9 poj nta w_ de, tgg; I S

000000000000000&@9@99%%@9&&%&&M%ﬂ@@%&gﬁ?%@g@ﬁ@@ﬁ%%&%&eﬂﬁm
the bandwidth of a narrowband FM receiver preferably would adapt to those -
effects by varying continuously. '

5 In addition, when signals on adjacent channels are strong, a narrower
bandwidth that suppresses the adjacent-channel signals more may be better than a.
wider bandwidth that avoids distortion. When adjacent channel signals are weak
orabsent,however amderbandmdﬂxtha:avotdsdxswmonxsptefetable
Beuusebothdxelevelsofmedwredsgnalmdmeadjmnmhanndagnalsfade

10 'upanddownmanuncorrdamdfzshmn thetrmﬁocanvaﬂoverawxderange,
again indicating that an adaptive bandwidth can be advantageous.

U.S. Patent No. 4,352,208 to Schroeder describes a microprocessor-
controlled radio receiver system for automatically switching the bandwidth of an
intermediate frequency (IF) stage between narrow and wide values. The narrow

15 - bandwxdthlsusedma-normalmcdeofopermonmwmchtherecaversmns
several channels. I‘hewxdebandwxdthlsusedmasecondmodemwmcha
chamdhasbecnse!ec&dmd@reammmt:rfeungagnalsona@acentchmds.
Upon selection of a channel in the second mode, the microprocessor periodically
ca.ussa&equenéyéynth&imwsmnuponechannelaﬂddownonecﬁanne!m

20 determmexfanymuerfenngmgnalxspmentandthentoremmmmese!ecwd
"~ channel. Ifnomterfenngsxgnalxsprsentonanad;acentchannel,memmgexs
swmhed.&omanamwbandwxdthmawxdebandwxd&mlmpmvemequamyof
reception. If an adjacent channel signal of sufficient IF energy is present, the IF
stage remains in its narrow-bandwidth mode.

25 The system described in the Schroeder patent is unusable in a

' communication system, such as a mobile.radio telephone system, in' which
interference situations are continuously changing. In such systems, it is
undesirable, if not impossible, to permit even a temporary loss of the signal on the

 selected channel while the receiver checks the adjacent channels for interference.

30 The present inveation provides continuous comparison of in-channei and out-of-

" channel energy without continuously retuning the receiver, '
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and ferr] Only one set- of coefficients is used at a time. Normally, the
"goefficients corresponding to 11.25 KHz bandwi dth are used-if adjacent
channel interference 25 | evel s are | ow. The anount of adjacent channel
interference is determ ned by conparing the total signal power in the
80kS/'s stream before the FIR filter 190 wgt.h the total signal power in the
16kS/s stream after the FIR filter 190. The - 10 -

U.S. Patent No. 4,124,817 to Takahashi discloses a bandwidth switching
circuit for an intermediate frequency amplifier stage in an FM receiver that insures
clear reception of desired signals by automatically switching the intermediate
&gqueucyampﬁﬁer;mgebeﬂveenmeﬁdegndmowbandwidthsaccordingm

5 the radio field conditions. The bandwidth switching circuit inchudes a detector for
detecting beat componeats due to interference contained in received signals and a
chahge-over switch for switching the bandwidth switching circuit according to
signals detected by the detector, whersby the bandwidth of the intermediate
frequency ariplifier stage is automatically switched depending on whether thi beat

10 components are present or not.

_ . Summarv_of the Invention .

It is an object of the present invention to provide improved capacity by -
reducing the bandwidth occupancy of analog frequency modulation systems. In
particular, it is an object of the present invention to pmvide an implementation of

15  areceiver that gives improved performance using 10 KHz channel-spaced
narrowband frequency modulation.

The present invention concerns the provision of dynamicaily variable

. bandwidth in either AMPS mode or NAMPS mode in order to obtain the best
compromise between distortion and noise or iriterference suppression. A preferred
20 embodimentoftﬁeprmntinvenﬁonauowsﬂxebandwidthtobe dynamically.
vanedbemeendle%mzvﬂueneededforms andthe IOKszaluenwded
for NAMPS thus reatizing a dual-mode receiver.

In the present invention, 2 radio recetver is disclosed for demodulating bath

25 comprises a supetheterodyne frequericy means which converts the received
frequcncy-modulamd signal to a fixed mtennedme frequency signal. A filter then
filters the intermediate frequency signal with a ﬁrst filter bandwidth adapted to a
wideband frequency-modulated signal. The filtered wideband &eqqency—modulamd
signal is then demodulated in a demodulator using a frequency discriminator. The

30 'mncrmedxatc&equencyszgnallsthmﬁlwredusmgaseoondandthirdﬁlm
bandwidth ada.pted t0 a narrowband frequency-modulated signal. Fmaﬂy, the _
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former represents the power in a 30 KHz bandwi dth enbraci ng both adjacent
.. channels while the latter represents the power in the desired or wanted
<hannel . By subtracting the latter fromthe former, the power if:the two
adj acent channels is obtained. If this exceeds the power in the desired or
want ed channel by nore 5 than a first threshold, an alternate, narrow
bandwi dth FIR filter is used. Wen nore thag-.one altectnate bandwi dth is
avai |l abl e, an.even narrower alternate bandw dth may. be sel ected when the

adj acent channe further-filtiseed dntermediath frequencymignal isrdemodulasedausing 2 frequennyi
threshold. If t ; nt channel -to-inband (i n-channel) power ratio falls
below a third thrésnold, the bandwi dth is w dened 10 again. A :
del i berate difference between the thesholds for narrowi ng and wi dening the

lror;lgg\lfj\nridtngs S errplnoyed i n conj urﬁﬁ&wtant ferr] for
These and other features and advantages of the invention will be readily
5 apparent to one of ordinary skill in the art from the following written description,
used in conjunction with the drawings, in which:
Fig. 1 schematically illustrates a conventional frequency modulation (FM)
0 . P . ’ .
Fig. 2 schematically illustrates a preferred embodiment of a dynamicaily
10 variable bandwidth receiver according to the present invention; and
Fig. 3 schematically illustrates digital signal processing useful in the
preferred embodiment of a dynamically variable bandwidth receiver shown in Fig.
2. '

)]

iled iption
15 Fig. 1 llustrates a block diagram of a conventional FM receiver 5 suitzble.
for conforming to either the AMPS or NAMPS cellular mobile mdiouelephone’ |
specifications, mthﬂieappmpna:echoxceofmtermedme&equencym")
bandwidth of IF filters S0. .
Therecuveds:gnalpasss&omﬂleanmnnammughamsmﬂrecewe
.20 duplex filter 10, a low-ncise amplifier 20, an image rejection filter 30 and
” dovmconverter 40, such as a superheterodyne frequency device, where the
received signal is converted to a suitable intermediate frequency (IF). The IF
filters 50 impose the main channel bandwidth restriction to just less than 30 KHz
for the AMPS specxﬁcatmn, or around 10 KHz for the NAMPS specification. The
25 Eampﬁﬁ&sGOpmvidemostoftheampﬁﬁm&onandalsogeﬁem'arweived
" signal strength indication (RSST). It is common practice for all of the IF
ampliﬁersﬁOtobecomainedinasihgleinuegratedcir’cuit,andfora.;econd
- frequency downcoaversion to be employed part way-through the amplification
process ahead of the second IF filter 50, to permit the use of small, low-cost,
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the .average signal powers in order to provide hysteresis and prevent

- excessive frequent bandw dth sw tching, which could otherw se cause audio
hoise. Typically, the second threshold power ratio for smntchlng froma
first 15 bandwi dth of 11.25 KHz to a narrower bandw dth of 8.75 KHz
woul d be 128 and the third threshold for sw tching back to 11.25 KHz woul d
be 32. The tinme constant [err] for det emi n&ton of the desired or wanted

T seconds. ( PORE BpsSL thpkisBRTRIE sd Bl BB mg%éé#% dus 1o
det erm ned as andbackxﬁquanﬂs:mbhﬁﬁuhhﬂs it betwess 2w
adi acent. channel —pollF HegueHsy diseHBiagHy naﬂe?&mlo 16&3@%@%"@@@
sarrpl es over agFiQf afid PRIdRcEEOY kifial Wuthl® Propaidingl (%K Hstahfah it )rdRencyanp! es.
5 de\nauonofthemdiosxgnalﬁ:omnsnommalcemerfmquency wluchtsa
ﬁmamﬂcof&wsmxdxagmlmwdu:&ummmyumdmmzdwtmmmmmx The
* discriminator output signal is band-limited to the 300Hz to 3.4 KHz speech
frequency range in a de-emphasis filter 80 to exclude as much noise as possible.
It is also well-known that the noise output of a frequency discriminator increases
10 across the audio frequency band, so that the use of pre-emphasis at the transmitter
whhcoumnmnﬂngckﬁmnpmukinthéde<mqmaﬁsﬂM:rSOa:ﬂu:nxdwers
improves the signal-to-noise ratio by applying most of the attenuation to the
highest noise components. It is also well-known that the perceived quality of
qwamlmshxueq:dovﬁﬂx&ebmﬂgnmndnd&:&mhgsﬂauorqﬁktmukﬁS
15  than the signal-to-noise ratio during loud periods, so that the use of decompanding
or expansion in a decomipander 90 at the receiver S, which magnifies the disparity
beww=nlcmiandqpknshmﬂs wkhcodmmmﬁﬁngcnnqmmﬁngatdmtnumnﬁma;
hﬂwsthevmmesmpﬂJnmmmupdwmﬂenuMcmgraxmmrnoseuxmmqpmm
.periods. ‘ThctnnputofdeunnpmuthO:stnml&ntotheuﬂqmwneemyuxe
20 In the conventional, known FM receiver illustrated in Fig. 1, the
| bandwidths of the IF filter 50 are fixed, since available analog filter technology
&xsnot:uﬂy;mnnuthecmmummwnefﬁkusofdwmnmnﬂyamuaﬂﬂc
tnmkmdﬂu‘Tocomnnmxanuxumrsm@mksﬁncmmmnm1qﬂmrux&c£dﬁ?8or-
bUUMPSsyaeum,aso<=ﬂeddwﬂ4mo¢=n::nmrvwnmdneaiu:axmunsdeambh
25 . 30 KHz wide AMPS filters and 10 KHz wide NAMPS filters. Both of these -
filters however would, in the conventional solution, have constant bandwidths.

A preferred implementation of the dynamically variable bandwidth receiver
of the preseat inventon is illustrated in Figs. 2 and 3. The dynamically variable
bandwidth receiver begins with a conventional dowriconversion (o a suitable first

30 intermediate frequency (IF) as in Fig. 1, using a transmit/receive duplex filter 10,
a low-noise amplifier 20, an image rejection filter 30, and a downcoaverter 40.
Filters 100 and 110 impose a channel bandwidth in the 30 KHz region for the
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The above-described digital signal processing is further illustrat ed in
Fig. 3. The logpol ar phase and RSSI values enter at 240,000 sanpl es per
second 25 (240kS/'s) into a | ogpol ar-to-cartesian conversion routine

170 that uses a COSINE/SINE table to calculate cos[err] and sin[err] and an
ANTI LOGARI THM t abl e to convert the received signal strength indicator

(RSSI) signal to an anplitude, having first subtracted a scaling value from
the RSSI signal. The scal ed anplitude A so eft-ained nultiplies the
cos[err]+isin[ferr] values to obtain X+ Y val ues, where 30 X=Acos[err],

and Y=Asin[err]. mm.ng'hoame@nm&es amplifiencirayitt 120 i a sdicong
f X + ; "
average of X ot Ik ki Uiy 300 GARLPE sdod Bodudliidiid f g0° 1 Lo

undae
- downconverter 45.

Insmdofa&equencydlscnmmamr.mehardhmmdoutputfmmmeﬁnal
5 IFamphﬁchO:sfedmaphasedxgmmgcxrcmmatpmducssamplﬁofthe
mstzn:aneousphzseofﬂws:gnal. The received signal strength inditator (RSSI)
signal generated by the IF amplifier circuit 120 is fed to an A-to-D converter 140
which produces 2 digitized value of signal strength. The RSSI signal is preferably
linearly proportional to the logarithm of the signal amplitude. When digitized to
10 8-bit accuracy, the 8-bit value represents signals. over, for example, a 128dB range
 in steps of 0.5dB, oroveta"64dB'r_angei1_xsteps of 0.25dB. The phase -
digitizer 130 compares signal transitions or edges on the hardlimited IF signal with
those of a stable reference clock 135 to quantize the signal transitions to 6-bit
phase accuracy. The 6-bit modulo-64 value maps exactly to the phase angle range
15 0 to 27 when both are viewed in the circular domain. Approximating the circle
| with a regular 64-gon, the mapping is given by:

¢~v.=%mdzu Ve, 508 e,,;n=012 ‘

: wlm'e Pos = opg because of circular penodicxty .
The digitized log-amplitude and digitized phase mgethet form a eomplex
digitalnumbetmlogpo_larform,_whxchxsd:_sdqsedmtl.S Patent No. 5,084,669
20 which is commonly assigned, the specification of which is hereby incorporated by
reference. The stream of complex numbers at a suitably high sample rate, for
example 240,000 samples per second (240 kilosamples per second or 240kS/s), are
fed to a digital signal processor (DSP) 150 where logpolar-to-cartesian conversion
takes place resulting in complex numbers of the form, X+jY, where j = +/-1.
25 Automatic scaling takes place during this conversion so that the cartesian -
components fit within the fixed-point wordlength of the DSP 150.
Inside the DSP 150, the X-+j¥ sample rate is first reduced by
.downsampling, that is, adding up blocks of adjacent samples over a moving
window, to 80KS/s to reduce the amount of subsequent arithmetic,
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ensure this, the noving average is supplied to the scaling routine which
I'ncr eases the scaling value if the noving average is too high, and |owers

t he scaling value-if-the noving average is too |low. The scal ed X+j Y val ues
at 240, 000 sanpl es per second (240kS/s) are then 5 downsanpl ed to

80, 000 sanpl es per second (80kS/s) in downsanpler 180 by cal culating the
novi ng average over three consecutive sanplegand then adding up three _
consecutive val ues of the noving average to obtain each 80kS/s sanple. The
80kS/'s X+j Y val ues ar Vibdncthe segeivesds taqutired tonoperate da therANIPS-made (the 8GkS/ng

wi ndow. Thi's v ol g3 12 Glh WhdlEea'\5 45mettil REGRAHPEESioARMiH BES BREL "oud P
-preferredalgonthmxsadigmlphaselockloop the details of which are beyond
the scope of this disclosure but can be devised by anyone with ordinary skill in the

5 atofnumenmlmdmsgnalpmcssmg Indlealtcmanve,ﬂxefonomg
" algorithm can be employed:
: 1) - Pecform discrimination:

F stl-l. Ynxs-l' B=1,2,...,N
2) .Pufonn square amplitude calculation:
R XX, +YY; n=012,.,N-1

3) Rescale post-hardlimiting:

x:"&:-:; YfaE:; n=0,12,.N-1 - |
10 - where X.® and Y,® are rescaled values, and N is the number of samples.

Another alternative s to submit the 240,000 samples per second (240kS/s)
of phase directly toadxgualphaselockloopwh:chwdculatesanmsmneous
ﬁnmumqya:ﬂu:dammdSOEEELdmumnmphd:mn 1mmw¢zkm&mmmsazmn

. ekwauium:nmybcpﬂjmnmdvmmihemdoqucmldgnﬂ]ngwxnonkru:
15  relieve the programmable DSP 150 of some of the load.
(hmeBOHykcfuwunmnamsihnuumysumﬂwlmwetmuxaﬂmmmukﬂuw
an:ahnnmu!u:dhﬁulpoﬂaﬁsxummﬂnrﬁhung,d&empwnu,downﬁmumng '
and decompanding according to known digital filter and digital signal processing
techniques to yield 8000 samples per second (8kS/s) of digitized speech which is -
20 converted to an analog signal in D-to-A ¢onverter 160. The DSP 150 may also
contain numerical calculation i:rog'rams for other purposes, such as the decoding of
the Manchester coded sigralling data used in the AMPS system for coritrol
. purposes.
When the receiver is desired to operate in the NAMPS mode, the X+iY
25 suumis,aft&raﬁxstdownsamélingto%ﬂkSls. submitted to a 64-tap finite
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10 . of-squares cal cul ated 800 sanples ago, requiring a delay nenory 800
. sanples long. To reduce the use of nepory in the digital signal processor
{DSP) 150, the noving average can be cal cul ated with exponential rather

t han rectangul ar wei ghting of the past history of past sanples. In
exponential weighting, the new average Ai is calculated fromthe old
average A(i--1) and the new sanple Si as 15. shown bel ow Al =

A(i-1)+d(Si-A(i-1)) where d is a small value,e.g., 1/800 Ai = (1- d) A(i - 1) +
dSi A= ( 799/ S0Qinplse sponsSi(FRRDAr) suchais e FIR iRuep IS0 Sl BFigPd) i ned 1 n

760/ 800 whi ch; SRt JEPRR Siaok, WAL Foies.the eRdidti o e nemdad by
NAMEPS system, namely, a bandwidth that is in the 8 KHz to 12 KHz range.
Furthermore, the output of the FIR filter 190 is further downsampled to 16kS/s in
5 order to reduce the amount of processing needed. A numerical frequency
discriminator algorithm as outlined above is then applied to frequency demodulate
the FIR filter 190 output and the usual audio filtering, de-emphasis and
decompanding are also applied numerically, as shown by audio filter/de-
emphasizer 210, decompander 220, and audio filter/downsampler 230 in Fig: 3.
10 The 64-tap filter coefficients may be calculated by means of 2 64-point
Fourier transform of an ideal rectangular filter frequency response having the
desired bandwidih, and then multiplying the result with a‘raised cosine windowing
function to reduce unwanted sidelobes. According to the present invention, at
. - least two sets of these coefficients are precalculated which corresponds to at least
15 two alternate NAMPS bandwidths, for example 8.75 KHz and 11.25 KHz. These
carrespond respectively to 64-paint rectangular frequency responses respectively 7
ar 9 points wide, that is,

11111110000000000000000000000000000

or : .
20 111111111000000000000000000000000000
since : _
7) i}
( “)a,o_ksz 8.75kHz

g :
- = 1125,
( & QkHz kHz.
Only one set of coefficients is used at a time. Normaily, the coefficients
corresponding to 11.25 KHz bandwidth are used if a'djacedt channel interference
25 levels are low. The amount of adjacent channel interference is determined by

comparing the total signal power in the 80kS/s stream before the FIR filter 150
witt ae total signal power in the 16kS/s stream after the FIR filter 190. The

REPLACEMENT SHEET
3 0 SEP 1996




a value of Si that was used N steps ago (Si-N) has been dewei ghted by
.(1-d)[err].:The average is thus Al= Si + (1-d)S(i-1) + (1-d)[err]S(i-2)
s...ect with increasing powers of (1-d). The advantage of this systemis
that no old sanple values like S(i-799) are needed, but rather only the
previ ous average and the new sanple. 25 .i1g0n that case, the 160-sanple
novi ng average shoul d al so use exponenti al weighting of-the past history of

past. sanpl es. Tiiornied répresehisRhé poverin MWBMMWWMWJMM ues
of oAl t er nat PUEES QYIS b et Fepreseass 35t pwes o e oBireq °6 whBshpamsel | s
][<HZ bandw dt h, %? subtradting R fatte frdm tiié?oﬂe?T iﬁe'ﬁdafe?tih E&ut%o\éajah&ﬁ cﬁixﬁxe&Ut put
romthe FIR filfers 190-at a rate downsanpl ed to | 6kS/s and are_ then
processed in a & erined.pEEthis exgesds thrppower in the desired or wanted channel by more
5 than a first threshold, an alternate, narrow bandwidth FIR filter is used. -

' When more than one alternate bandwidth is available, an even narrower
alternate bandwidth may be selected when the adjacent channel-to-inband (in-
channel) powertauocxcwdsasecond threshold. If the adjacent channel-to-inband
(‘m—cbannd)powermuofz!lsbelowaﬂurdﬂzmhold, the bandwidth is widened

10 again. A deliberate difference between the thresholds for narrowing and widening
the bandwidths is employed in conjunction with the time constant r for measuring
the avérage signal powers in order to provide hysteresis and prevent excessive
frequent bandwidth switching, which could otherwise cause audio noise.

Typically, the second threshold power ratio for switching from a first .

15 bandwidth of 11.25 KHz to a narrower bandwidth of 8.75 KHz would be 128 and

 the third threshold for switching back to 11.25 KHz would be 32. The time
coustzntrfordetermnamnofthedwredorwantedchannelpowerandme
adjacent channel power is approximately 10 milliseconds (10ms). Thus, the
desired ar wanted channel power is determined as the sum of squares of 16 KHz

20 'samples over a 160-sample moving window, since (16kSIs)(10ms) 160 samples,
andﬂxeadjacentchannelpowerxsdemmmedasthesumofsquars of 30 KHz
samples over an 800-sample moving window, since (80kSls)(10ms)—800 samples.

Theabove-dscribeddlgmlstgnalpmmngxsﬁxrdmmummdmﬁg. ’
3 ThelogpolarphaseandRSSIvalusenteratzmmOsamplupermnd
25 (240kS/s) into a logpolar-to-cartesian conversion routine 170 that uses 2
) COSINE/SINE table to calculate cose and sing and an ANTILOGARITHM table
to convert the received signal strength indicator (RSSI) signal to an amplitude,
having first subtracted a scaling value from the RSSI signal. The scaled amplitude
A 50 obtained multiplies the cose+isine values to obtain X+jY values, where
30 X=Acosy, and Y—Asm:p
‘I'hescmlmgvalue1sdetermxnedsuchthauhemovmgavetageofx2 + Y?
over 800 samples is in a desired range without risk of overflow or underflow. To
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frequency discriminator 200 to denmodul ate the frequency nodul ati-on. The’
-12- frequency discrimnator 200 output is then audio filtered and

de- enphasi zed according to the NAVPS specification in an audio
filterlde-enphasizer 210, deconpanded in a deconpander 220, and finally
further audio filtered and downsanpled to 8kS/s in an audio
filter/downsanpl er 230 before being output 1kia 5 D-to-A converter

160, as shown in Fig. 2 The bandwi dt h deter.njner 240, uses _an al gqrithm for
det er mi ni ng whet $fisuee this, the moving average is supplied to the scaling routine which increases

the scaling value if the moving average is too high, and lowers the scaling value if
&m:nowmgamuag:wtoohnv |
. ThesumalXHjYthmsa:z«JOGJamumslmrmunndchmShnanzﬂmn
< 5 downsampled to 80,000 samples per second (80kS/s) in downsampler 180 by
_qdaﬂmnu;&mlmuwngawmqunmrdua=axwamnmesummbsamiﬁmnadmngup
mraeeouseamvevalusofmemowngavemgcwobmnmsomlsmmph The
Gﬂhyslt+iY\NMus=m=ﬁmnsqmuu1amdsmnnmdcwera:Sdmﬁmum=mnwng
wumbW"thsunmbmsadﬁm;mmncwamaumoﬁanmnsamdamumnmgth:wmk
10 oﬁaqmn:scﬂhuhmul%dﬂsmmpksago,nnpnuu;addhynumunySOOsmmpks
long. To reduce the use of memory in the digital signal processor (DSP) 150, the
moving average can be calculated with exponential rather than rectangular
weighting of the past history of past samples. In exponential weighting, the new
avemge&xscalculated&omtheoldaverage A(i-1) and the new sample Si as
15 shown below
Ai= AG-1)+d(Si-AG-1)) wheredis 2 small value,e.g., 1/800
Ai= (1-d)AG-1) + dSi
Ai= (799/800)A(i-1) + Si/800
Thus, an¢ftheo&ismnpkscnnmumd:nthec&lawmagegetpngnsmydylrmxxd
20 by the value (1-d)= 799/800 which is slightly less than 1 at each iteration, so that
a value of Si that was used N steps dgo (Si-N) has been deweighted by (1-d)".
The average is thus Ai= Si + (1-d)SG-1) + (1-d)’S(-2) ....ect with increasing
powers of (1-d). Thé;dwmn@eofﬂﬁsswﬁuniﬁ&mxmookisnmﬂgwmhmsﬁke
$(i-799) are needed, but rather only the previous average and the new sample.
25 In that case, the 160-sample moving average should also use exponential weighting
ofdﬁ=pmnlﬁmnqrofpmnsampks.
The 64-tap FIR filters 190 also operate on the X+jY values using
coefficients C,, C,, .., Cg which are selected from one of two altémativ‘e
_ coefficient stores corresponding to a 8.75 KHz or 11.25 KHz bandwidth,
30 respectively. The FIR-filtered X+jY values are cutput from the FIR filters 190 at
armzdowmnnmkﬂlolﬁhykamiunﬁmnpumasaimit&gmupMuekmkkmp
ﬁagmmgydumnnunmnrzoou:dqmo&ﬂmzdu:ﬁaummarumduhnmm The
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the‘ ‘Wi de or. narrow bandw dth shoul d be used. The noving average and/or the
-moving sumof the FIR-filtered signal power is scaled by a factor of 5 in .a
dcal er 250 to conpensate for the difference between the different numbers

of squares 10 summed, or, alternatively, by another nunber appropriate
to conpensate as wel | for a non- uni ty scatid®g through the FI R—frlters 190.
The scaling of the FIR filter c flcrents er err] err] can
in fact be del |%@"&’[‘@I‘§“€ PW&P“FM%H&R&%% basized o

160- sanpl e DV Leo@iR Bdfe mmsqgmafm Wan ko HRlElem gﬁ&uﬁ afp! e novi ng

average i s then subtracted fromthe 800 sarrpl e noving avefage In 15

subtracter 260 desompanded in paecompanden 220, and Enaliy, fusther audio filthred add acent
Che T nband (1 n- SRARERALA to ses/ if SRR e .2’3%9’??%@%3 ouir kg £°°
(correspofidi ng Deo<A cdnverteth 860, asshowninl‘-'ig 2.
Thebandwxdﬁxdemncrzwussan'algommrdemmngwhemu
the wide or narrow bandwidth should be used. The moving average and/for the
moving sum of the FIR-filtered signal power is scaled by a factor of 5 in a scaler
250 to compensate for the differeace between the. different aumbers of squares
10 °  summed, or, alternatively, by another number appropriate to compensate as well
for a non-unity scaling through the FIR-filters 190. The scaling of the FIR-filter
coefficients C,, C,, -s Ce can in fact be deliberately chosen so that the required
scaling for the 160-sample moving average is a power of two. The scaled, 160-
sample moving average is then subtracted from the 800-sample moving average in
15 2 subuacter 260 to obtain the adjacent channel power.  Then the adjacent channel
power is compared in 2 comparator 270 with either 128 or 32 times the inband
(in-channel) signal power, supplied by 2 scaler 255 {corresponding to either the
second ormxrdthr&choldpowerrauo, respectively), mordertodetenmne whether
the bandwxdth should be decreased or increased, respectively.
20 nwmbe_appmatedbythoseofprdmarysldnmmemm’axmepm; :
| invention can be embodied in other specific forms without departing from the
spmcor&enualchmmﬂxcreof. The preseady disciosed embodiments are .
thereforeconstde:edmanmpectswbemusmnvemdnotmmcnve. Thescopc
ofthemvenuonumdmmdbymeappmdedclaxmsmthanmefomgoing
25 description, and all changes which come within the meaning and range of
equivalents thereof are intended to be embraced therein.
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second or tm ra tmeauu'rd~power ratio, -respectively), in order to determne

whet her th Id be decreased or increased, respectively. 20
It will those of ‘ordinary skill in the art that the _
pr esent | n\fen | on rrbodl ed in other specific fornms w thout departing

fromthe spirit or. essent I al character thdB8eof. The presently discl osed
enbodi ments are therefore considered in all respect to be il | ustrative and

not restricti VWhe i nvention is indicated by t he appended
glcjr{err\?vi {ﬁltﬁ Eﬂgnrrtagﬁi ;gr’;gg %Mqu%mere are | ntngﬁ?ie\c,imltghbe
. enbraced t her epdirowband frequency-modulated signals comprising:
superheterodyne frequency means for converting said received
] frequency-modulated signal to a fixed intermediate frequency signal;
' means for filtering said intermediate frequency signal with a first
filter bandwidth adapted to a wideband frequency-modulated signal;
first means for demodulating said fiitered wideband frequency-
modulated signal using a frequency discriminator;

10 means for further fltering said intermediate frequency signal using a
second or third filter bandwidth adapted to 2 narrowband frequency-modulated
signal; and '

second means for demodulating sa:.d further-filtered intermediate
frequency signal using a frequency discriminator.

15 2. The_radiorecei'veraccordingtodaiml,whereinsaidseqond
filter bandwidth is adapted to provide high signal quality when adjacent channel
interference is lower than a predetermined first threshold and said third filter
bandwidth. is adapted to provide high' signal quality when adjacent channel

3 inwrferenceishigherthénapt_-edetermined second threshold..

20 ‘3. A radio recetver for demodu!anng both wideband and
narrowband frequency- -modulated signals comprising:
superheterodyne frequency means for converting said received
&equency-modulaﬁdagnalmaﬁxedmmrmedme&eqmcysxgnal _
' means for filtering mdmtcrmedxatefrequmcysxgnalwxﬁlaﬁ:st
25 filter bandwidth adapted to a wideband frequency-modulated signal;
first means for demodulating said filtered wideband frequency-
modulated signal using a frequency discriminator;
means for further filtering said intermediate frequency signal using 2
variable filter bandwidth adapted to a narrowband f_réquency—modulated signal; and -
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m A radi o receiver for denodul at| ng both w deband and
nar mmgmhﬂm signal s conprising: superheterodyne frequency nmeans
forumn ei ved nodul ated signal to a fixed internediate
frequenty 'si dnal’; means for wideband filteigng said internediate frequency
signal with a first filter bandw dih to produce a first filtered signal,

wherein said first filtesecomcwank for dpmodulating sabd further-filterdd iatermédidter mat i on
channel and a pluralit f parrawband i,nf ormati on channel s; neans for
denodul ati ng s%ﬂ“@ﬂé“ﬁ%%hmmact i nf or mati on; . means for
digitizing said first filtered signal while preserving a conpl ex vector
val ue of
4. TheradxorecexveramordmngImmB wherein said variable
ﬁltetbandmdmuvanedasaﬁmcaonofadjacmtchanndmterferencelevds.

S 5.  The radio receiver according to claim.4, wherein said
| adjacent channel interference levels are estimated from measurements of the level
of said intermediate frequency signal mode before and after szid further fltering.

| ' 6.  The radio recsiver according to claim 3, wherein said means
for further filtering further comprises a finite impulse response filter.

10 7. ThemﬂomewetaocordmgtoclaxmB wherein a frequency
range wnhmwmch said variable ﬁlterbandwxdmmbevaned is dehbemtely
restricted. :

8. A radio receiver for demodtﬂa.ung both wideband and
narrowband ﬁ'equency -modulated signals compnsmg

15 snpe:hetemdyne frequency means for converting said reeexved
'frequency-modulated signal to 2 fixed intermediate frequency signal;

| m&nsforﬁltenngmdmtermedxatefrequencys:gnzlmthaﬁm
filter bandwidth adapted to a wideband frequency-modulated signal;

20 means for analog-to-digital converting said amplified intermediate frequency signal
while preserving the complex vector value of said intermediate frequency signal to
produce a stream of complex-valued samples;

first means for processing said stream of éomplex vector samples in
a numerical signal processor in order to demodulate said wideband frequency-
25 modulated signal using a numerical frequency discriminator algorithm;
second means for processing said stream of complex vector samples
in 2 numerical signal ‘processor in order to-further filter said stream of complex-

_—
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said fixe |ate frequency signal to produce a stream of
corfpl ex-v Imaﬁ ﬂ tns for narrowband filtering said.stream of

conpl ex-v g adigital filter to produce a second filtered
si gnal, wherein Sald dlgltal filter has an adjustable filter bandw dth
which is set to a second filter bandw dth_.gs a third filter bandwidth in .
dependence upon a |level of signal interference; and neans for denodul ati ng

said second fi Imeamgimhﬁmioﬁ\aﬁdﬂeibaudwiam adaptEd a0 aasirowband
recei ver accordjgn Q. C ai said second filter bandw dth
provi des high s#&ﬁﬁp Mﬁgﬂﬁagﬁ“ﬁcent channel interference is |ower
than a predeterm ned f| " S thifd Wl B ingistiddigically it cdafle atige

i gher

provi des high signal quality when ad] acent channe terference is
than a predet er fFHEHIS @ém@@mm oy signabpsing a

denodul at ighg bohwmwm&gwuency- rm'dul at ed

9. The radio recsiver according to claim 8, wherein said variable
filter bandwidth is varied as a function of adjacent channel interference levels.

10. = The radio receiver according to claim 9, wherein said
adjacent channel interference levels are estimated from measurements of the level
10 - of said intermediate frequency signal mode before and after said further filtering.

11. 'l_.'heta.diqrwe_iveraceordingmclaimQ, wherein said variable
filter bandwidth xsvaned between first and second discrete values.

12. Themdxorecuveraccordmgtoc&mm 11, wherein the first
dlscreﬁebandwxdth valuexsadapwdmptovuie high demodulated signal quality .
15 whenlevdsofadjacentchmndmtc:fmacearelowerthanapredetemunedﬁrst
thraholdandﬁtemonddxsc:eﬁebandmdthvaluexsadapﬁdmpmvxdemgh
" demodulated signal quality when levels of adjacent channel interference are mghér
ﬂlanapredeﬁermneds_econdthmhold. '

13. The radio receiver accarding to claim 12, wherein said adjacent
20 channel interference levels are estimated from measurements of the level of said
intermediate frequency signal made before and after said further filtering.

14.  The radio receiver according to claim 8, wherein said means
for further filtering further comprises 2 finite impulse response filter.

—_—
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Si gnallmﬂ u ﬂ erheterodyne frequency means for converting a
recei mﬂ m”] IMBI ated signal to a fixed internedi ate frequency
si gnal ; ¢ 1% ntarks for wideband filtering said intermediate frequency
signal with a first filter bandwidth to prqguce a first filtered signal,

wherein said first filter bandw dth spans at | east one w deband i nformation
channel and a plurality ofs.narThedadiockecsiver’azedrding to lekaivie8, whereinas

denodul ati ng saiaggéi rit \Hx{c}xes'gﬁd s.i-glnaéI t% ei<t. ct mforgg 8:?1!) y

restricted.

16. Thcradmrecuvu'accordmgtocimms wheremsauianalog-
b1 _m—dxgmlcometmndxgmmsaxdmmmedm&equencyagnaldmcﬂybefom
said aumerical signal processing resolves real and imaginary vector components of
said intermediate &equency‘ signal.

17. The radio receiver according to claim 8, wherein said
-mmrmedxam&equencyagnal:smolvedmm:alandmgmarycomponents
10 before separate analog-to-digital conversion of said resolved real and imaginary
' componeats. " ' .

18. The radio receiver accarding to claim 8, wherein said analog-
m—digitalconversionsepaxamlydigim;thcpha;egndampﬁmdeofsai& -
intermediate frequency signal and wherein conversion from pclar form to real and

15 imaginary vector components is pex'formed by said numerical signalprocssor.

19. Thetadmrecuveraccordmgtoclmms wheremmdanalog—
to-dzgxmlconvemon sepamely digitizes the phase of said intermediate frequency
sxgnalandaslgnalpropomonalmthclogamhmoftheamphmdeofmd |
intermediate frequency signal and wherein conversion from logpalar form to real

20 - and imaginary vector components is performed by said numerical signal processor.

20. A radio receiver for receiving and demodulating frequency-
modulated signals comprising:
_ superhetemdyne &equency means for downconvemng a received
signal to a convenient intermediate frequency;

\ :"‘ N
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means: for digitizing said first filter signal while preserving a conplex
vector value of said fixéd internedi ate frequency signal to produceé a

sfre ued sanpl es; nmeans for narrowband filtering said
st reﬂmmmnﬂlmmmmued sanpl es using a di g| tal filter having a variable
filtef bandwi dth®to*produce a second fil tdifed signal ; and neans for

dermpdul ating said second filter gnal.to extr I nformation. 4, The
radi o receiver accordi ngueansdp Eﬂ?ﬂﬁ &mm signal;usinga sk dwi dt h

s vari ed as afi\GhAMR nARiRCaH 1 SRSl bRc ARG IOk A ofan  The
radi o recei ver accor Ing to clmalm erei sa J acent nne

I nterference Iadimtmndmn from measurenents of the |evel of .
6 The radi o rece ver i} pisiaf R ipeSiniie’s A9 iehClendl Y SRR webdlf | 1O
is a finife inpulse means for further filtering said filtered signal using a variable filter
bandwidth adapted to said desired signal spectrum;
| second means for measuring a second signal level of said further-
- * means for processing said measured first and second signal levels to
10 estimate a level of an adjacent channel signal compared to a desired signal leve;
and
means for determining a bandwidth setting for said variable
bandwidth filter using said estimated comparative level.

21. Thera.dxorecuveraccordmgmclmmzo wherein said
15 mw:sforﬁxrﬁerﬁltenngﬁmhercompnssaﬁmtempulseraponseﬁltet

22. - ‘The radio receiver according to claim 20, whereina
frequencyrangethhmwhxchsaxdvanableﬁlterhandmdthmbevanedxs
: delibemmelyresmcted

| 23. Amdxomcavetformcemnganddemodulanng&equency-
20 modulated signals comprisitig:
' superhetcrodyne frequeacy means for downconvemng a received
signal to a convenient intermediate frequency;
mmsforﬁltenngsaxdmtermedmt‘requency signal using a first
filter bandwidth em:ompassmg a desired signal spectrum and at least some of an
25 adjacent channel spectrum; _
means for digitizing said filtered intermediate frequency signal using
analog-to-digital converters preserving complex vector componeats of said filtered
intermediate frequency signal to produce a stream of complex-valued samples; and
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espon The radio recei ver according to claim 3, wherein a
fregue l'nw" llt |ch said variable filter bandwidth'is varied is
del i be A radi o receiver for denodul ating both '
wi deband and narrowband frequency nodul at e 88' gnal s conpri sing:

super het er odyne frequency means for converting a received
Egeeuency nodul ated si gnaw ﬁngWW@W ﬁh@[@ma
numenmlsxgnalprocusor said processing means comprising
meazns for determining a first signal level of said filtered
signal,
S : secondmansforﬁxrﬂmﬁltenngsa:dﬁlﬁeredslgnalusmga
variable filter bandwidth adapted to said desired signal spectrum,
m&nsfordetcmnnmggsecondagnallevelofsaidfunhu-
means for employing said determined first and second. signal
10 - levdsmmmalcvdofadpnentchanndmterfumcerelanvemadwred -
ﬂgﬂallevel.and
means for employing said estimated relative level to
determine the bandwidth setting for said variable bandwidth filter.

24.  The radio receiver according to claim 23, wherein said
15 means for further filtering further comprises a finite impulse response filter.

25. The radio receiver according to claim 23, wherein a
frequencytangewxﬂnnwhwhsmdvanableﬁlterbandwxdthmbevanedxs
deliberately restricted.

26. The radio receiver according to claim 23, wherein said analog-
20 to-digital conversion digitizes said intermediate frequency signal directly-before
: mdnumenmlagnalpmmgmolmmlmdmagmaryvmcompomof
mdmﬁermedxamfrequencysxgnal.

27. The radio receiver according to claim 23, whersin said
intermediate frequency signal is resolved into real and imaginary componeats
25 before separate analog-to-digital conversion of said resolved -real and imaginary
compornents.
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means f ring said |nterned|ate frequency signal mnth a

f| I’S"t m“m"i mﬁlli mfo produce a first filtered signal; means for =
fyhngcsaL | tered signal and neans for analog to-digita

convertlng said anplified first filtered sjgpal while preserving a conpl ex

vector value of said internediate frequency si gnal to produce a stream of

conpl ex-val ued sanpl es; f ppStTHEFRMD v RERERE Y chim D3 Wikidih Hid GRIBE-SX
vector sanples in a, nuner i cal si gnal processor In order to denodul ate Said

first filtered $o-gigiml mvmmﬁd %m%@f)ﬁl‘hlgorlthm

second means f o il G Yol Wb ol S po P PP del
nuneri cal si gnal I’OCGSSOI’ 1 n or O narrowodan I'I'ter ¥sal ream O

conpl ex-val ued dImaginmy vestorgompdnents i3l pefformed by Said animetical signatiprodedsot. o
produce a narrowband filtered internedi ate frequency signal; and

5 29. The radiq receiver according fo claim 23, whecein said analog-
to-digital conversion separately digitizes the phase of said intermediate frequency
signal and a signal proportional to the logarithm of the amplitude of said
intermediate-frequency signal and wherein conversion from logpolar form to-real

~ and imaginary vector components is performed by said numerical signal processor.

10 ' . 30.Tmcnuw:ﬁn&wzauumﬁnguodhhnl,vmzmhxﬁminwms
_ for further filtering further comprises a finite impulse response filter.

31 TmcrmﬁOtgxﬁmraaxmﬁngﬁ:cﬁkn24!wMzmhxgﬁdiaﬁdﬂe
filter bandwidth is varied by varying tap coefficients of said finite impulse
response filter.

15 : 32. The radio receiver according to claim 31, wherein said tap
- coefficients are varied between at least two sets of discrete values.

. 33, The radio receiver according to ciaim 25, wherein said
frequency restriction further comprises hysteresis means for using hysteresis -
between a first threshold level of adjacent channel interference causing said

20 varisble filter bandwidth to be decreased and a second threshold level of adjacent
channel interference causing said variable filter bandwidth to be increased.

34. The radio receiver according to claim 25, wherein said
ﬁ:qmmnqrnsuﬂnhx:ﬁnﬂmrcomqmﬁmsawuaﬁngxnanwfbrawua@hg:iﬁhmmd
sh;mlhanﬂ:neumnumuuandaiﬁnhgbﬁnmzdshgwlhmminunmnenmmL
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ans for processing said digi taI ly filtered conplex-sanple streamto
zﬁ”"ﬂ”ﬂ WUMJ owband filtered internediate frequency signal using a
Hmdl scrimnator algorithm 9. The radio receiver
accordl ng “to"cl &im 8. wherein said variable filter bandwidth is varied as a

function of adjacent channel interference +@@sls. 10. The radi o receiver
according to claim9, wherein said adjacent channel .int erference | evel s are
estimated from measur enent3s. drhqm| rseaiverosccandingtoalaimBdg whetein gaidncy

si gnal nade befo{v@%ﬁ%ﬂ&n@ g%?w%w@g{vo receiver
according to clarm erein sald varrable andw d rs*varied
between first and second discrete val ues. The radi o receiver

accordl ng to claiml11, vvhe3r6e 'Ph:;[ G LahSL, first d| scr&te b%ndvgsdt val ue is
avexagmgmmnsuﬁhwa:ponenhalwexghﬂngofpasthxs&ory
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used to provide high denodul ated signal quality when-levels of adjacent
channel interference are |ower 27 JUL 1998 16 than a predeterm ned first
t hreshol d and the second di screte bandw dt.h value is used to provide high
denodul ated signal quality when | evets of adjacent channel interference are
hi gher than a predeterm ned second threshold. 13. The radi o receiver
according to claim 12, wherein said adj @dent channel interference |evels
are estimated from neasurenents of the level of an internediate frequency
si gnal made before ABSTRACT :

ADAPTIVE BANDWIDTH RECEIVER

A radio receiver is disclosed for demodulating both wideband and narrowband
frequency-modulated signals. The radio receiver improves the capacity of a system by
reducing the bandwidth occupancy of analog frequency-modulation systems. The radio

~ receiver comprises a superheterodyne frequency device (40) which converts the received
frequency-modulated sighal to a fixed intermediate frequency signal. A filter (110) then
filters the intermediate frequency signal with a first filter bandwidth adapted to a wideband
frequency-modulated signal. The filtered wideband frequency modulated signal is
demodulated in a demodulator using a frequency discriminator (200). The intermediate
frequency signal is then filtered using a second and third filter bandwidth (190) adapted to
narrowband frequency-modulated signal. Finally, the further filtered intermediate frequency |
signal is demodulated using a frequency discriminator (200).

(Figure 2)
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and after narrowband filtering. 14. The radio receiver according to claim
8, sWherein the second processing neans further conprises a finite inpulse
response filter. 15. The radi o receiver according to claim@8, wherein a .
frequency range within which said variable filter bandwidth is varied is

del i berately restricted. 16. The radi @y3ecei ver according to claimS8,

wherei n said neans forhamalog-to-
i nt ermedi ate frequency&ifgnal dird
resol ves real and i nag™
frequency signal. 17. 1
said internmedi ate frequer
conponent s before separ atje
I magi nary conponents.

sai d
essi ng nmeans
=gt e :
wherein
gi nary
real and
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18. The radi o receiver according to claim8, wherein said nmeans for

. analog to-digital converting separately digitizes the phase and anpli'tude -
sof said i ntermedi ate frequency- si gnal and wherein conversion from pol ar
formto real and imaginary vector conmponents is performed by said first
processi ng neans.g-19.— -T-he-iadl o recey3er according to claim8, wherein
sai d nmeans for anal og- o= comvertTgseparpt el y. digitizes the phase

of said intermnedi 1ale A quen¢y signal and a signay proportional to the fa
"l ogarithm of the @afp e nt er nedi at ency signal and :
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conversion fromlogpolar formto real and inmaginary vector conponents is
peyforned by said first processing neans. 20. A radi o receiver for
recei vi ng-and denodul ati ng frequency-nodul ated signals conpri sing:
super het erodyne frequency neans for down converting a received signal
conveni ent internedi ate frequency signalf nmeans for filtering said

i ntermedi ate frequency signal using a B¥Bst filter bandwi dth enconpassing a
first narrowband channgl spectrum and at | east part of an adjacent
nar r owband channel spéﬁ rumto produce a firstgiltered sicgnal, wherein a'

conbi nation of said fifst narrowband channel ‘sBectrum &8 said at |east
pant of an adjacent na

to a

1

r onband channel spe trunlcorrésdﬁng§ to a wi deband
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or rreasurlng a first signal level of said first filtered

Wector value of said internediate frequengy signal to produce a

fans for di gltJZlng said first™filtered signal while preserving a

0f  CQpERNAYFONEY SBARCHS RERGRE for filtef lusgatonil epplition dim of

only enconpasses_said first signal spectrumito produce a second

x-val ued sanples using a digital filter havingTauss@rismbl e bandwi dt h

daea

ol |

processing. sal

nad“ﬁslg&clﬁgkcﬁg&ggn?m opﬁ&?yutp(gmgtﬁgﬁond signal |evel of said

sali ﬁeb’queﬁby-enbdiﬂdwdjs:gndlsgl The radia mceummgnmves ethc icapacity obapsystamve
| efely reducing the bandwidth occupancy of analog frequency-modulation systems.

The radio receiver comprises a superheterodyne frequency device (40) which
converts the received frequency-modulated signal to a fixed intermediate frequency
signal. A filter (110) then filters the intermediate frequency signal with a first
filter bandwidth adapted to a wideband frequency-modulated signal. The filtered
wideband frequency-modulated signal is demodulated in a demodulator using a
frequency discriminator (200). The intermediate frequency signal is then filtered
using a second and third filter bandwidth (190) adapted to a narrowband frequency—
modulated s1gnal Finally, the further filtered intermediate frequency 31gna1 is
demodulated using a frequency discriminator (200).
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o354 Thes o020 477
- 18 - 2I—7Fheradio receiver according to claim 20, wherein said digital
nite i npul se response filter. 22. - The radi o receiver
accor mmn IHI,!'JH wherein a frequency range within which said variable
filters ried is deliberately restricted. 23. A radio
recei ver for rece|V|ng and denodul at Lng3f Lequency- nodul ated signal s

conpri sing: superheterodyne frequency neans for down converting a received
signal to a conveni ent

What is claimed is:

1. Ammﬁonmthrﬁgdmmmhmgmgbmmﬁﬁddmmdamimuuwﬂmndnxﬂuhmdsﬁgmh

comprising:

aqmﬂmﬁxmhmeﬁapwmwnmmmﬁuwnmmnMganwdwﬂJmmmhﬁds@mﬂu;aﬁmﬂf
intermediate frequency signal;.’ - |

means for wideband filtering said intermediate frequency signal with a first filter
bandwidth to produce a first filtered sigaal, wherein said first filter bandwidth spans at least one
wideband information channel and a plurality of parrowband information channels;

nmmnsﬂndammhmnmgsﬁdﬁnﬁﬁkmxdsmmﬂtocmnmthMmmﬁmn

~ means for digitizing said first filtered signal while preserving a complex vector value of

said fixed intermediate frequency signal to produce a stream of complex-valued samples;

means for narrowband filtering said s&eam of complex-valued samples using a digital
filter to produce a second filtered signal, wherein said digital filter has an adjustable filter bandwidth
which is set to a second filter bandwidth ar a third filter bandwidth in dependence upon a level of
signal interference; and

means for demodulating said second filtered signal to gxtr;ct information.

2. The radio receiver according to Claim 1, wherein said second filter bandwidth provides
high signal qualiy when adjacent channel interference is lower than a predetermined first threshold
andsﬁddmdiﬂmrbmﬂu&ﬂhpnn@ksh@hd@mﬂqwﬂﬁywha1m&mmﬂdhmmﬂhmaﬁxmnzis
higher than a predetermined second threshold.

3. A radio receiver for demodulating both wideband and narrowband frequency-modulated
signals comprising: |

superheterodyne frequency means for converting a received frequency-modulated signal

to a fixed intermediate frequency signal;
REPLACEMENT SHEE!
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i nternedi ate frequency signal; neans for filtering said internediate
frequency signal using a first filter bandw dth enconpassing a first signal

spectr WEI““ Inloma of an adj acent channel spectrumto produce a
first ﬂmm ml means for digitizing said first filtered signal

usi ng arfal 6g-to-Yiditdl converters preger\vi ng conpl ex vector components of
said first fil tered signal to produce a stream of conpl ex- val ued sanpl es;
and neans for processing said stream of conpl ex-valued samples in a
nunerical signal processor, said processing neans conprising nmeans for
determning a first signal level of said first filtered signal, neans for
further filtering m&tmm@mdmmﬁwwwwmme

bandwidth to produce a first ﬁltcrcd signal, -wherein said first filter bandwidth spans at least one

wideband information channel and a plurality of narrowband information channels;
means for demodulating said first filtered signal to extract information;

. means for digitizing said first filter signal while preserving a coniplex vector value of
said fixed intermediate frequency sxgnal to. pr_odqoé a stream of complex-valued samples;

means for narrowband filtering said stream of complex-valued samples using a digital
filter having a variable filter bandwidth to produce a second filtered signal; and
means for demodulating sald sécqnd filtered signal to extract information.

4. The radio receiver according to Claim 3, wherein said variable filter bandwidth is varied as
a function of adjacent channel interference levels.

5. The radio receiver aocordmg to claim 4, wherein said adjacent channel interference
levels are estimated from measurements of the level of intermediate frequency signals made before and
after narrowband filtering.

6. The radio receiver according to claim 3, wherein said digital filter is a finite impulse
response filter.

7. The radio receiver acoordmg to claim 3. wherein :.1 frequency range within which said
variable filter bandwidth is varied is deliberately restricted.

8. A radio receiver for demodulating both wideband and narrowband frequency-modutated
signals comprising:

superheterodyne frequency means for converting a received frequcncy—modtﬂat;ad signal

to a fixed intermediate frequency signal;
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bandw dt h encorrpa55| ng only said first signal spectrumto produce a second
fil tereﬂ,lllg l"mm",or determ ning a second signal |evel of said second
filtere or enploying said determned first and second

signal |évefs to®stimite a I evel of adjacent channel interference relative

to a desired signal level, and means 1bor enpl oyi ng said esti mated
relative level to determ ne the bandwi dth setting for said variable
bandwi dt.h filter. 24. The radi o receiver according to claim23, wherein

said nmeans for further filtering further conprises a finite inpulse
response filter. oo for wideband filtering said intermediate frequency signal with a first filter

-bandwidth to produce a first filtered signal;

means-for amplifying said first filtered signal and means for analog-to-digital
converting said amplified first ﬁltcred 1gnalwhde preserving a complex vector value of said
-intermediate frequency signal to produce a éﬁéam of qomplex-valued samples;

first means for prqcésing said stwam of complex vector Sampi_&s ina numencal signal
processor in order to demodulate said first filtered signal using a numé'rical frequency disf.rhnix,mof
goritn o .

second means for processing said stream of complex vector samples in a numerical
signal processor in order to narrowband filter said steam of complex-valued samples using a digital
filter of variable bandwidth to pro&uoe a narrowband filtered intermediate frequency signal; and

third means for prowssmg said digitally filtered complex sample stream to demodulate
said narrowband filtered mtermedlate frequency signal using 2 mumerical frequency discriminator
algorithm. | |

9. The radio receiver according to claim 8, wherein said variable filter bandwidth is varied as
a function of adjacent channel interference levels.

16. The radio recei&er.according %0 claim 9, wherein said adjacedt channél interference
levels are wtimate& from m&surcments of the level of an intermediate frequency signal made before
and after narrowband filtering.

11. The radio receiver according to claim 9, wherein Said variable filter bandwidth is varied
between first and second discrete values.

12.  The radio receiver according to claim 11, wherein the first discrete bandwidth value is

used to provide high demodulated signal quality when levels of adjacent channel interference are lower
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25. The radio receiver according to claim23, wherein a frequency range
within which said variable filter bandwidth can be varied is deli berately

restricted. 26. The radi o receiver according to claim 23, wherein the

di gi tumm;ummn MHMl zes said internediate frequency signal directly

bef or means resol ves néak and i magi nary vector conponents
of said ihtérmididte” frequency signal. 27. The radi o recei ver according

to claim 23, wherein said internmediate frequency signal is resolved into
real and irragi nary conponents before separate anal og-to-digital conversion

g%ci?iﬂ?né to %W% er el nﬁm(hcf i gl ??I&%g means s% r'ﬁwﬂl o} ;Sﬁ‘;@gs
tcoﬁvgrgisg‘r’l&?&om pola q@dﬁin o re nﬂ&qrragl ?‘E%E%'@e%ncy Sil‘giﬁgﬁggts Igre| "

per f or mdp@&a&%d@%&{b?&hoﬁ' gnal processor.

13.  The radio receiver according to claim 12, wherein said adjacent channel interference
levels are estimated from measurements of the level of an mtermedmte frequency lsignal made before
and after narrowband ﬁlcering. a

14. 'I'he radxo receiver according to claim 8, wherein the second processing means further
comprises a finite nnpulse mponse filter.

15.  The radio receiver according to claim 8, wherein a ﬁ-equency.'range within which Qai_d
variable filter bandwidth is varied is.deliberately restricted,

16.  The radio receiver according to claim 8, wherein said means for analog-to-digital
converting digitizes said intermediate frequency signal directly before said first processing. means
resolves real and imaginary vector components of said intermediate frequency signal.

17. The radio receiver according to claim 8, wherein said intermediate frequency signal is
resolved into real and jmaginary components before separate analog-to-digital conversion of said real
and imaginary components,

18. The radxo recejver according to claim 8, wherein said means for ana!og—to—dtgltal
converting scparately digitizes the phase and amplitude of said intermediate frequency signal and
wherein conversion from polar form to real and imaginary vector components is performed by said
first processing means.

19.  The radio receiver according to claim 8, wherein said means for analog-to-digital
converting separately digitizes the phase of said intermediate frequency signal and a signal

proportiopal to the logarithm of the amplitude of said intermiediate frequency signal and wherein
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29. The radi o receiver according to claim23, wherein the digitizing
nmeans s t' | IW H s the phase of said internedi ate frequency signal
and a sﬂmun mn v"nl mr to the logarithmof the anplitude of said
i nternedi*at € fteqlienty *si gnal and wherein conversion fromlogpolar formto
real and imaginary vector conponents_ig;perfornmed by said nunerical signal
processor. 30. The radi o receiver according to claiml1, wherein said
digital filter is a finite inpulse response filter. 31. The radio
receiver according to claim24, wherein said variable filter bandwidth is
varied by varying tap coefficients of said finite inpulse response filter.
conversion from logpolar form to real and imaginary vector components is performed by said first
processing means.
20. A radio receiver for receiving and demodulating frequency-modulated signals
comprising: _
superheterodyne frequency means for down convesting a received signal to 2 convenient
intermediate frequency signal;
means for ﬁlterihg-said intermediate frequency sigual uéingaﬁrstﬁlte’r bandwidth
encompassing a first narrowband channel spectrum and at least part of an adjacent narrowband
chanpel spectrum to produce a first filtered signal, wherein a combination of said first parrowband
channel spectrum and said at least part of an adjacent narrowband channel spectrum corresponds 0 &
wideband channel spectrum; |
first means for measuring a first signal level of said first filtered signal;
means for digitizing said first filtered signal while preserving a complex vector value of
said intermediate frequency signal $o produce a stream of complex-valued samples;
means for filtering said stream of complex-valued samples using a digital filter having a
variable bandwidth which only encompasses said first signal spectrum to produce a second filtered
signal;
second means for measuring a second signal level of said second filtered signal;
means for processing said measured first and second signal levels to estimate a level of
an adjacent channel signal compared to a desired signal level; and
means for determining a bandwidth setting for said variable bandwidth digital filter

using said estimated comparative level.
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- 20 chi ver according to claim31, wherein said tap
coefficients ar i “\b_etween at |east two sets of discrete values. 33.
The rad““\“w\!\““@wa ding to claim25. wherein said frequency

restric r scoftpri ses hysteresis neans for using hystersis between
a first tthré&shold | evel of adj acent chapel interference causing said
variable filter bandw dth to be decreased and a second threshold | evel of
adj acent channel interference causing said variable filter bandw dth to be
i ncreased. 34. The radi o receiver according to claim 25, wherein said

frequency restriction further conpyises .averagin s.for av Lhg,a
filtered signal- | eThq radigsessivenisry ’&ﬁ&f’Mt wgqrggﬁr}?g@%_ tFrg’ﬁgrﬂ;‘?g%qq’Ise
measurenent. 35. The radi o receiver according to claim 34, wherein said
aver agi ngrevROBISHALGE: | | zes a

22.  The radio receiver according to claim 20, wherein a frequency range within which said
variable filter bandwidth is varied is deliberately restricted.
23. A radio receiver for receiving and demodulating frequency-modulated signals
comprising: '. |
superheterodyne frequency means for down‘convérﬁng a feccived signal to a convenient
intermediate frequency signal; . .
means for filtering said intermediate frequency signal using a first filter bandwidth
encompassing a first signal spectrum and at Jeast some of an adjacent channe! spectrum to produce a
first filtered signal; ' . |
means for digitizing said first filtered signal using analog-to-digital converters
preserving complex vector components of said first filtered signal to produce a stream of complex-
valued samples; and |
means for processing said stream of complex-valued samples in a numerical signal
processor, said processing means comprising |
means for determining a first signal level of said first filtered signal,
means for further filtering said filtered sigual using a filter having variable
bandwidth encompassing only said first ﬁgnal spectrum to produce a second filtered signal,
means for determining a second signal level of said second filtered signal,
means for employing said determined first and second signal levels to estimate a

level of adjacent channel interference relative to a desired signal level, and
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novi ng average over a rectangul ar wi ndow. 36. The radi o receiver

according to cihai-m-34,—wherein said averagi ng nmeans utilizes exponenti al

wei ght |

wi debap
convert rnge

nodul ated signals, conprising the steps of: down

& B‘l& story. 37. A nmet hod for selectively denodul ati ng
f ignal to an int %rredl ate frequency signal; w deband

filtering the i nt er medi at e frequency signal using an analog filter having
an analog filter bandw dth which spans at | east one w deband information

channel

and a plurality of narrowband information channels to produce a

wi deband anal og signal; digitizing the wi deband anal og signal while
preserving a conpl ex vemmmommmrmmawdwmgwﬂmto
produce a stream of conpl ex-val ued sanpl es;

setting for said variable bandwidth filter. _

24. The réc_lio receivcr_acpordfng to.qlai_rﬁ 23, wherein said means for further filtering
further comprises a finite impulse response filter.

25. The radio receiver accordmg to claun 23, wherem a frequency range w1thm wlnch said
variable filter bandwidth can be varied is delxberately restricted.

26.  The radio receiver according 1o claim 23, wherein the dlgmzmgm&nsdlgmzes said
intermediate frequency signal directly before said processing means resolves real and imaginary vector
components of said intermediate frequency signal. |

27.  The radio receiver according to claim 23, \:vhetein said intermediate frequency signal is
resolved into real and lmagmary components before separate analog-to:dig'ital conversion of said
resolved real and 1mag1nary components.

' 28,  The radio receiver according to claim 23, wherein the digitizing means separately
digitizes the phase and amplitude of said intermediate frequency signal and wherein conversion from
polar form to real and imaginary vector componeants is performed by said numerical signal processor.

29.  The radio receiver according t claim 23, wherein the digitizing meavs separately
digitizes the phase of said intermediate frequency signal and a signal proportional to the logarithm of
the amplitude of said intermediate frequency signal and wherein conversion from logpolar form to real
and imaginary vector components is performed by said numerical signal processor.

30.  The radio receiver according to claim 1, wherein said digital filter is a finite impulse
response filter. |

31.  The radio receiver according to claim 24, wherein said variable filter bandwidth is

varied by varying tap cocfficients of said finite impulse response filter.
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filtering the stream of —conpl ex-val ued sanples using a digital filter to

produce mﬂ red signal; -21- adjusting a digital filter
bandwi d Imm ﬂu Ffl |ter in dependence upon a | evel of signal
interferéncé ih the sst =eam of conpl ex-val ued sanp .and sel ectively
denodul ati ng either the w deband anal o gnal or; Tihg @IL TR tered
signal to extract an information si gna'FJ fé} T e met YQEIT 1‘—{%&

wherein said step of adjusting a digital filter b&nﬂw H‘ the

32.  The radio receiver according to claim 31, wherein said tap coefficients are varied
between at least two sets of discrete values.

33.  The radio receiver according to claim 25, wherein said frequency restriction further
comprises hysteresis means for using hysteresis between a first threshold level of adjacent channel
interference causing said variable filter bandwidh to be decreased and a socond hreshold level of
adjacent channe] interference causing said variable filter bandwidth to be increased.

34.  The radio receiver according to claim 25, wherein said frequency restriction further
comprises-averaging means for averaging a ﬁlmred signal level measurement and a further-filtered
signal level measurement. | | '

35. The radio receiver according to claim 34, wherein said averagmg means utilizes a
moving average over a rectangular window.

36.  The radio receiver according to claim 35, wherein said averaging means utilizes
exponential weighting of past bistory.

37. A method for selectively demodulating wideband and narrowband modulated signals,
comprising the steps of:

down converting a received signal to an intermediate frequency. signal;

-wideband filtering the intermediate frequency signal using an analog filter having an
amalog filter bandwxdth which spans at least one wideband information Md and a plurality of
narrowband information channels to produce a2 wideband analog signal; |

digitizing the wideband analog SIgnal while preserving a complex vector value of said
intermediate frequency signal 1o produce a stream of complex-valued samples;

ﬁltermg the stream of complex-valued samples using a digital filter to produce a

digitaily filtered sxgnal
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digital _filter conprises the steps of: neasuring adjacent channel
interference in the stream of conpl ex-val ued sanples; setting the digital
filter be""mmm 'i t predeterm ned bandwi dth to provide high signal
quality i "lm,m ”IIFI | tered signal when the neasured adjacent channel
interference® sl ohersthan a first presei.J threshol d; and setting the
digital filter bandwidth to a second ‘pr% et erm ned bandwi dth to provide
hi gh signal quality in the digitally filtered signal when the neasured
adj acent channel interference is higher than a second preset threshold.

adjusting a digital filter bandwidth of the digital filter in dependence upon a ievel of |
signal interference in the stream of complex-valued samples; and |

selectively demodulating eithér the wideband analbg signal or the digitally filtered
signal to extract an information signal. |

38.  The method of claim 37, wherein said step of adjusting a digital filter bandwidth of the

-digimﬁlte'r_comprisgsmestegsof:' - | |

measuring adjaﬁ.ent channel interference in the stream of complex-valued samples;

setting the digital filter bandwidth 10 a first predetermined bandwidth to provide high
signal quality in the digitally filtered signal when the measured adjacent channe! interference is lower
than a first preset threshold; and

setting the digital filter bandwidth to a second predetermined bandwidth to provide high
signal quality in the digitally filtered signal when the measured adjacent channel interference is higher

than a second preset threshold.
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ABSTRACT

ADAPTIVE BANDWIDTH RECEIVER

A radio receiver is disclosed for demodulating both wideband and narrowband
frequency-modulated signals. The radio receiver improves the capacity of a system by
reducing the bandwidth occupancy of analog frequency-modulation systems. The radio
receiver comprises a superheterodyne frequency device (40) which converts the received
frequency-modulated signal to a fixed intermediate frequency signal. A filter (110) then
filters the intermediate frequency signal with a first filter bandwidth adapted to a wideband
frequency-modulated signal. The filtered wideband frequency modulated signal is
demodulated in a demodulator using a frequency discriminator (200). The intermediate
frequency signal is then filtered using a second and third filter bandwidth (190) adapted to
narrowband frequency-modulated signal. Finally, the further filtered intermediate frequency
signal is demodulated using a frequency discriminator (200).

(Figure 2)
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32.  The radio receiver according to claim 31, wherein said tap coefficieats are varied
between at least two sets of discrete values.

33.  The radio receiver according to claim 25, wherein said frequency restriction further
comprises hysteresis means for using hysteresis between a first threshold level of adjacent channel
interference causing said variable filter bandwidth to be decreased and a second threshold Jevel of
adjacent channe] interference causing said varijable filter bandwidth to be increased.

34.  The radio Tecciver according to claim 25, wherein said frequency restriction further

. comprises averaging means for averaging a filtered éignal level measurement and 2 ﬁlrther;ﬁltered |
sigual level measurement.

35.  The radio receiver according to claim 34, wherein said a\(eraging means utilizes a
moving averagé.over a rectangular window.

36.  The radio receiver according to claim 34, wherem said averaging means utilizes
exbouenﬁal weighting of past history. _

37. A method for selectively demodulating wideband and narrowband modulated signals,
comprising the steps of:

down converting a received signal to an intermediate frequency signal;

wideband filtering the intermediate frequcncy signal using an analog filter having an
analog filter bandwidth which spans at least one wideband information chanel and a plurality of
narrowband information chaunels to produce a wideband analog signal;

digitizing the wideband analog signal while preserving a complex vector value of said
intermediate frequency signal to produce a stream of complex-valued samples;

filtering the stream of complex-valued samples using a digita! filter to produce a
digitally filtered signal; SR
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