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- ADAPTIVE BANDWIDTH RECEIVER

Field of the Invention
The present invention relates to adaptive analog frequency modulation (FM)
for transmitting speech in radiotelephone communication systems, and more
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
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.

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

the bandwidth occupancy of analog frequency modulation systems.

~ Another approach to increasing system capacity by reducing bandnridm
requirements is disclosed 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 secdons. To

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.



«)

ts

10

-
This Sheet Has Been

e MWW -

-2-
Various aspects of frequency modulation communication systems are set
forth in the prior art, including H. Taub et al., Principles of Communication
Systems, chapt. 4, McGraw-Hill Book Co., New York (1971). For a sinusoidal
modulating signal, the bandwidth B required to transmit or receive an FM signal
with at least 98% power'nansmi_ssibn is given by the following expression of
Carson’s rule: '

B=2af+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:

B = afif,

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

' gnal-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
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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.
In addition, when signals on a.djacent channels are strong, a narrower

bandwidth that suppresses the adjace,nt—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
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
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
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.

" 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.
The present invention provides continuous comparison of in-channel and out-of-
channel energy without continuously retuning the receiver.
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U.S. Patent No. 4,124,817 to Takahashi discloses a bandwidth switching
circuit for an intermediate frequency amplifier stage in an FM receivei' that insures
clear reception of desired signals by automaﬁcally switching the intermediate
frequency amphﬁer stage between the wide and narrow bandwidths according to
the radio field conditions. The bandwidth switching circuit inéludes 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 amplifier stage is aumma.uca.lly switched dependmg on whether the beat
components are present or not.

PCT/US94/11423

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
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
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
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
mtermedxate frequency signal is then filtered using a second and third ﬁlter
bandwidth adapted to 2 narrowband frequency-modulated signal. Finally, the
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further-filtered intermediate frequency signal is demodulated using a frequency

discriminator.

Bng Description of the Drawings

These and other features and advantages of the inveation will be readily
apparent: to one of ordinary slnll 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
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 iptio
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
duplex filter 10, a low-ncise amplifier 20, an image rejection filter 30 and

- downconverter 40, such as a superhéterbdyne 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
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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ceramic filters. In addition, it is also easier to avoid unwanted oscillatdons due to

- stray feedback if the total amplification is split between two frequencies.

The frequency discriminator 70 operates at the final intermediate frequéncy
(TFs.) and produces a signal output proportional to the instantaneous frequency
deviation of the radio signal from its nominal center frequency, whichisa
facsimile of the speech signal used to frequency modulate the transmitter. The
discriminator output signal is band-limited to the 300Hz to 3.4 KHz spesch
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
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
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.

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
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
intermediate frequency (II-') as in Pig. 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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"AMPS 'system. The intermediate frequency amplifier circuit 120 is a silicon

integrated circuit which also contains a second downconversion at a
downconverter 45

Instead of a frequency dxscnmma.tor the hardlimited output from the final
I'Fa.mphﬁertiﬂlsfedtoaphase dxgmzxngcxrcmtmatpmducs sampies ofthe
mstantaneous phase of the signal. The received signal streng:h 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
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
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:

? mod"::Vq:,stps:pu,l,n-Ol"

L)

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
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 conversxon
takes place resulting in complex numbers of the form, X+jY, where j = -J -
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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When the receiver is required to operate in the AMPS mode, the 80kS/s
stream is then submitted to a numerical frequency discrimination algorithm. The
preferred algorithm is a digital phase lock loop, the details of which are beyond
the scope of this disclosure but can be devised by anyone with ordinary skill in the
art of numerical radio 'signal processing. In the alternative, the following |
algorithm can be emplc;yed:

' 1) Perform discrimination:

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—h_ardlimiting:

xr-—= r“-—-, n=0,12, N-1
Rq R,

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 thch calculates an instantaneous
frequency at the desired 80 KHz downsampled rate.' These calculations at an
elevated rate may be performed with the aid of special digital logic in order to
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
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
stream is, after a first downsampling to 30kS/s, submitted to a 64-tap finite-
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impulse response (FIR) filter, such as the FIR filter 190 shown 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
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.

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

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
00000000000000000000000000001 11111111000000000000000000000000000

since
T \sokaz = 8.75k8;
64
and
(3 \eorers < 112
(64)_801:1?2 11.25k8z.

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
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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former represents the power in a 30 KHz bandwidth exhbmcing both adjacent
channels while the latter represents the power in the desired or wanted channel.
By subtracting the latter from the former, the power in the two adjacent channels
is obtained. If this exceeds the power in the desired or wanted channel by more
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
(in-channe]) power ratio falls below a third threshold, the bandwidth is widened
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
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
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
(240ES/$) into a logpolar-to-cartesian conversion routine 170 that uses a
COSINE/SINE table to calculate cosy 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 so obtained multiplies the cose-+ising values to obtain X+jY values, where
X=Acosg, 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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ensure 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
the moving averé.ge is too low.

The scaled X+jY values at 240,000 samples per second (240kS/s) are then
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
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-
of-squares 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
shown below .

Ai= A(i-1)+d(Si-A@i-1)) where d is a small value,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
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.
In?hat case, the 160-sample fnoving 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,
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 freq'uency modulation. The
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frequency discriminator 200 output is then audio filtered and de-emphasized
according to the NAMPS specification in an audio filter/de-emphasizer 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
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
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
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.

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
deséription, and all changes which come within the meaning and range of
equivalents thereof are intended to be embraced therein. -
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WHAT IS CLAIMED IS:
1. A radio receiver for demodulatmg both wideband and
narrowband 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 filtered wideband frequency-
modulated signal using a frequency discriminator;
means for further filtering said intermediate ﬁ-equency signal using a

Second or third filter bandwidth adapted to a narrowband frequency-modulated

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

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..

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
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 *
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second means for demodulating said further-filtered mtermedxate
frequency signal using a frequency discriminator. -

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. 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 radio recsiver according to claim 3, wherein said means
for further filtering further compﬁsé; a finite impulse responsé filter.

7. The radio recexver according to ciaim 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:

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
means for analog-to-digital converting said amplified intermediate frequency signal
while preserving the coxriplex vector value of said intermediate frequency signél 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-
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-

-

[T



Sheet Has Been Tlaced .

v i e

valued samples using a digital filter of variable bandwidth adapted to a narrowband
frequency- modulated signal; and |
. third means for processing said digitally filtered complex sampie
stream to demodulate said ﬁxrther-ﬁltered intermediate frequency signal using a
5 numerical frequency dxscnmmator algorithm.

S. Them&orecexveraccordmgtoclmms wherein said variable
filter bandwidth is varied as a ﬁmcuon of adjacent channel interference levels.

10. The'_radiq' 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.

_—

LT
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15. The radio receiver according to claim 8, wherein a frequency
range within which said variable filter bandwidth can be varied is deliberately
restricted.

16. The radio receiver 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.

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.

S
P

20. A radio receiver for recexvmg and demodulating frequency-
modulated signals comprising:
superheterodyne frequency means for downconverting a received
: agnal to a convenient intermediate frequency;
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means for filtering said intermediate frequency signal using a first
filter bandwuith encompassing a deszred sxgnal spectrum and at least part of an
' ad;acent channel spectrum; '
ﬁrstmansformwsunngaﬁrstslgnallevelofsaxd filtered signal;
S m&ns_forﬁmherﬁltenngsaxdﬁltereds,nalusmg a variable filter
bandwidth adapted to said desired signal spectrum;
second means for measuring a second signal level of said further-
filtered signal;
- * 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 level;
and | |
means for “de'tennining a bandwidth setting for said variable
bandwidth filter using said estmated 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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means for processing said stream of compiex-valued samples in a
numerical signal processor, said processin i g means comprising
‘means for determining a first signal level of said filtered
signal, : S S .
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 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

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
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-
to-digital conversion digitizes said intermediate frequency signal directly.before
said numerical signal processing 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
before separate analog—to-dxgtal conversion of said resolved .real and imaginary
components. o
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-~ 28. The radio receiver according to claim 23, wherein said analog-

to-digital conversion separately 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 numerical signal processor.

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.

- 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.

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

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

—_—
0 i



