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DUAL- MODE DI G TAL FM COMMUNI CATI ON SYSTEM BACKGROUND OF THE | NVENTION 5

| .- FIELD OF THE | NVENTI ON The present invention rel at escgesRi16d65 Y
to frequency N2 (FM)  communication systens. More particularly, the
present invention relates to a novel dual-node cormunl cation system

sel ectively operati ve ILn either FM or code di vi ess
(GO modes. 300 11 DEAIeMGPERIGH AHEVEL AHONR ozt
denodul ati on of recel ved FM comruni cation signals is routinely perforned

usi ng anal og mgg@km@m@;mﬂﬁwms However , met hods have recently
been devel oped which al |l ow anal og communi cation 15 signals to be processed

using digital signal processing techniques. |ncluded anong such
t echni ques ar & IRiEOF THEANYENTIGN! | ng and di scri mi nati on of an

i ncom ng signal tor f Q&?%? ' \Aan

Is often recovered ?ﬁ%}%seﬁ?ﬁ?@r@%ﬂéﬁ%@ g&ge g de § motil a‘?é&”ﬂ?l\,ﬂ
communication systems. More partlcularly, the present 1nvent10n relates to
a novel dual-mode communication system selectively operatlve in either

FM or code division mult1p1e access (CDMA) modes.
10
I1. DESCRIPTION OF THE RELATED ART

The demodulation of received FM communication signals is
routinely performed using analog signal processing techniques. However,
methods have recently been developed which allow analog communication

15 signals to be processed using digital signal processing techniques. Included
among such techniques are methods of phase sampling and discrimination
of an incoming signal to recover message information. The message
information is often recovered by using, for example, quadrature detection
processes. '

20 One FM demodulation technique suitable for digital implementation
is known as “direct conversion”. Using this technique, a direct conversion,
or “zero-IF” receiver mixes the incoming RF signal directly down to
baseband. The advantage of direct conversion is that channel selectivity
filtering can be performed at baseband, and hence is conveniently

25 implemented using integrated circuit technology.

One disadvantage of direct conversion demodulation is the unwanted
DC offset voltages which may appear at the output of the mixer together
with the desired baseband signal, which may also contain DC spectral
components. The undesired DC offset voltage may arise from DC offsets

30 originating within the mixer stage, as well as from RF local oscillator leakage
being mixed down to DC." The effect of such undesired DC offsets upon the
FM demodulation process can be modeled, for example, as a non-linearity

* applied to the ideal demodulated signal. The magnitude of the resulting
distortion, i.e., the “offset error”, is a function of the magnitude of the DC

35 offset relative to the FM signal envelope. For typical audio applications,
acceptable fidelity requires offset errors of less than a few percent. Hence, a
need exists for a digital FM receiver capable of extracting the desired
baseband signal from undesired DC offsets.
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- of an automatic gain control amplifier to cover the full dynamic range of the

15 received signal power. ' : '

In certain operating environments, a digital receiver may receive a
signal which experiences rapid and wide variations in signal power. For
example, in digital receivers such as are used in a code division multiple
access (CDMA) mobile cellular telephones, it is necessary to limit the power

20 of the received signal for proper processing of the received signal. Similarly,
in digital receivers which are CDMA compatible and conventional FM com-
patible, i.e, dual-mode CDMA/FM receivers, it is necessary to provide

- power limiting of both wideband CDMA signals and narrowband FM
signals. The limiting process is complicated by the differing dynamic ranges

25 associated with the received FM and CDMA signal power. That is, the
magnitude of received FM signals may vary over a dynamic range as large as
110 dB in cellular systems, whereas existing power control techniques within
CDMA systems typically result in a much more limited dynamic range, i.e.,
approximately 80 dB.

30 The provision of separate AGC circuitry for each of the modes of
dual-mode CDMA/FM receivers increases the hardware complexity and
expense of such receivers. Accordingly, it would be desirable to provide
AGC circuitry capable of operating both upon narrowband, wide-dynamic
range FM signals, as well as upon wideband CDMA signals of more limited

35 dynamic range.

Within digital FM receivers, a number of techniques have been em-
ployed to effect digital FM demodulation. Commonly used techniques
include . IF demodulation using zero crossing counts, or baseband
demodulation using quadrature detection.
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Simlarly, demodulated message sample sequence.
Various characteristics of the demodulation apparatus of the ‘882
patent strongly favor implementation of the device within digital signal
15 processors rather than using dedicated digital hardware. For example, the
“882 apparatus relies upon a digital reciprocator to produce an inverse of an
in-phase baseband signal component prior to multiplication with an
out-of-phase baseband component. In a preferred approach the reciprocator
approximates the function f(x)=4 by using a Chebyshev polynomial approx- |

_)

20 imation, which is most convenicntly carried out on a digital signal
processor. Unfortunately, the relatively high power consumption of such
digital signal proceséors is a disadvantage compared to dedicated digital
hardware for various types of portable communication transceivers, such as
personal communication devices.

25 In addition, it is believed that the demodulation apparatus in the ‘882
patent is susceptible to DC offset errors arising from local oscillator leakage,
as well as from various other sources of undesired DC feed through. That is,
the apparatus of the ‘882 maps DC signal energy within the input waveform
directly to zero-frequency baseband, at which are also present the desired

30 quadrature baseband signal components. Accordmgly, the resultant phase
angle estimation may become corrupted in the presence of significant extra-
neous DC signal energy.

Signal filtering is often performed using mtermedlate frequency (IF)
filters in order to achieve adequate out of band signal rejection. Although

35 the requisite signal rejection capability may be achieved through the use of
ceramic IF filters, these tend to be relatively large and expensive. Smaller
and less expensive IF filters are generally incapable of being realized so as to
possess the desired signal rejection characteristics, and hence are generally
not employed in FM cellular telephone receivers.
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10 increaséd amplification of offset sources. That is, these spurious DC signal
components are amplified by the active baseband IC fxlter, and will act as a
noise source in the FM demodulator. '
Accordingly, the employment of active baseband IC filters leads to the - ‘
necessity of providing some mechanism for suppression of undesired DC
15 offsets. Unfortunately, the IF processing chain of conventional digital
receivers typically includes a local oscillator (L.O.) having a frequency
selected such that the RF carrier frequency is down converted to DC, thereby
resulting in the destruction of the amplitude and phase information at the
carrier frequency during the process of DC offset suppression. This is not a
20 problem for digital demodulation of suppressed carrier signals, such as those
transmitted using quadrature phase shift keying (QPSK) techniques.
However, in FM cellular telephone systems significant amplitude and phase
information is often present at the carrier frequency, and performance will
be adversely affected if such information is destroyed.
25 In standard FM cellular telephone systems the voice information is
typically passed through a high pass filter in order to suppress signal energy
at frequencies below 300 Hz prior to being applied to the FM modulator.
Although some voice information may be present in the FM waveform at
- frequency offsets of less than 300 Hz, such intermodulation products are
30 nonstationary. Achi'dingly, the suppression of low-frequency
intermodulation products does not usually result in the loss of appreciable

voice information.
It is therefore a further object of the present invention to provide an
AGC apparatus, for incorporation within a dual mode receiver, which is
35 capable of effecting baseband filtering without loss of carrier frequency in-
‘formation. o
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An exclusively digital approach to quadrature FM denodul ation is
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si gnal receiving the spread spectrum QPSK signal during CDMA mode operation.
The dual mode receiver further includes a digital demodulator for

recovering the information signal from the received FM signal during
15 operation in the FM mode and for recovering the information signal from
the received QPSK signal during COMA mode operation. '
With regard to the dual-mode receiver, an FM demodulator may be
- included within the digital demodulator in order to convert the digitized re-
ceived baseband FM communication signal, preferably centered about a pre-
20 defined baseband frequency offset from the zero frequency, into the
recovered information signal. The co_n've_rsi_on is performed 'such that each
' digital sample of the received baseband signal includes first and second
sample components in phase quadrature. ‘In a preferred implementation
the FM demodulator initially calculates a ratio of the first and second sample
25 components of each digital sample of the input signal. A phase demodulated
signal is computed by determining the arctangent of each digital sample
ratio. A frequency demodulated signal, equivalent- to the demodulated
information signal, is computed by filtering the demodulated phase
-sequence using a digital differentiator.
30 : .
BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 provides an illustrative representation of a dual-mode digital
communication system in accordance with the invention.
35 FIG. 2 shows a block diagram representation of an audio interpolation
filter included within a dual-mode transmitter of the inventive
communication system. |
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FIG. 7 shows a block diagram of a preferred implementation of an 1/Q '
FM demodulator included within a dual-mode receiver of the invention.
15 FIG. 8 shows a block dlagram representatlon of the I-channel DC offset
cancellation system. T
- FIG. 9A provides a block dlagram of a preferred implementation of a
quantizing loop filter included within the I-channel DC offset loop filter net-
work. : o
20 FIG. 9B is a table listi-ng a set of time conctants at which the DC offset -
correction loop is set during operation in Tracking and Acquisition modes.
FIG. 10 provides a block diagram representation of an I/Q phase gen-
erator included within the I/Q FM demodulator.
FIG. 11 is a block diagram of a preferred 1mplementation of a phase to
25 frequency generator also included within the 1/Q FM demodulator.
FIG. 12A depicts. the architecture of a dlgltal AGC loop operative to
control IF signal amplification. : :
FIG. 12B is a block diagram representation of a preferred 1mplementa-
tion of an RSSI network of the digital AGC loop.
30 FIG. 13A depicts a preferred implementation of a d1g1tal AGC network
which includes an integrator and a subtractor.
FIG. 13B is a table of AGC loop time constants correspondmg to
various combinations- of selected AGC loop gain parameters.
FIG. 14A illustratively represents the architecture of a preferred im-
~ 35 plementation of a frequency tracking loop included within the dual-mode
receiver of the invention. '
FIG. 14B is a table of time constants of the frequency trackmg loop
associated with selected loop gain constants.
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those coder included within the wideband data recovery network.
FIG. 19B provides a table summarizing the operation of an NRZ logic
15 circuit included within the NRZ decoder.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENT

FIG. 1 provides an illustrative representation of a dual-mode digital
20 communication system in accordance with the invention. The dual-mode
communication system includes a dual-mode transmitter 14 disposed to
transmit digital information signals to a dual-mode digital receiver 16. Ina
digital FM mode, the transmitted digital information signals are generated
within the dual-mode transmitter through FM modulation of an RF carrier
25 on the basis of digitized audio and wideband data signals. During a
" multiple-access mode of operation, the transmitted information signals
comprise, for example, code-division multiple-access (CDMA) information
signals. An FM/CDMA mode select signal provided to transmitter 14 by a
control processor (not shown) allows selection of either the digital FM or
30 CDMA mode of operation.

L '_ Overview of Dual-Mode Transmitter

Referring to FIG. 1, the digital FM processing chain of transmitter 14 is

35 configured to receive sampled audio information signals 18 from a digital
signal processor (DSP) 20, as well as to receive a serial stream of binary mes-
sage data 21 from a control processor (not shown). In an exemplary embod-
iment, the sampled (e.g., 12-bit) audio information signals 18 are provided to
an audio interpolation filter 42 of transmitter 14 at a rate of 20 kilosamples
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the CDMA/FM transmit interface. During digital FM mode 'operation, the
10 CDMA./FM mode select switch 60 supplies the digital FM modulation signal

to a digital to analog converter (DAC) 62. Within an RF transmitter 64 the

resultant analog FM.modulation signal directly' modulates the frequency of

an intermediate frequency carrier. Further details of a preferred manner in
- which the digital FM modulation signal is generated in accordance with the
15 invention are provided below with reference to FIGS. 2-4.

Upon switching from operation in the digital FM mode to operation
in the CDMA mode, a CDMA. data signal carried by CDMA input line .66 is
supplied to the RF transmitter 64 in lieu of the digital FM mode modulation
signal. During CDMA mode operation the transmitter 64 generates in-phase

20 (I) and quadrature phase (Q) pseudorandom noise sequences PNI and PNQ,
- which typically correspond to a particular area (i.e., cell) to which informa-
tion is transmitted during CDMA mode operation. Within transmitter 64
the CDMA data signal is XOR’ed with the PNI and PNQ sequences so as to
spread the CDMA data signal prior to transmission. The resulting I-chan-
25 nel code spread sequence and Q- channel code spread sequences are used to
bi-phase modulate a quadrature pair of sinusoids. The modulated sinusoids
are summed, band-pass. filtered, shifted to an RF frequency, and again
filtered and amplified prior to. being radiated via antenna 70 over a
communication channel to dual-mode receiver 16. An exemplary CDMA
30 transmitter and waveform generator is described in, for example, U.S. Patent
No. 5,103,459, issued 1992, entitled System and Method for Generating Signal
Waveforms in a CDMA Cellular Telephone System, which is assigned to the
assignee of the present invention and which is herein incor-porated by
reference. '

35

II. . Overview of Dual-Mode Receiver

~ Again refeniné to FIG. 1, the dual-mode receiver 16 includes a receive
antenna 80 for receiving the I and Q channel information signals transmit-
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de receiver, which is 35 capable of effecting
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In a preferred ireqsiversrangt undesired DC signal energy included W1th1n the input wave-
form is mapped directly to zero-frequency baseband, about which are cen-
tered the desired quadrature baseband signal components. “As a result, the

15 subsequent estimates of phase angle may become corrupted in the presence
of significant extraneous DC signal energy. In accordance with the
‘invention, ' the frequency offset purposely introduced within the analog
receiver 84 allows such undesired DC signal energy to be removed during
processing of the baseband I'and Q signals.

20 During CDMA mode operation, the I and Q channel baseband CDMA
signal components are seen to be provided via receiver output lines 88 and
90 to analog to digital converters (ADCs) 92 of the CDMA/FM receiver
interface. The baseband CDMA signal components are then transferred
from the ADCs 92 to.a CDMA processing network 94. Within the CDMA

25 processing network 94, the baseband CDMA signal components are
demodulated, deinterleaved and decoded in, for example, a manner such as
is described in the above-referenced U.S. Patent No. 5,103,459. |

During digital FM mode operation, the baseband I and Q signals are
provided to the ADCs 92 over the receiver output lines 88 and 90. Within

30 the ADCs 92, the baseband I and Q signals are digitized at an exemplary rate
of 40 kilosamples/second (ksps) to form 8-bit in-phase (I) and 8-bit
quadrature-phase (Q) samples. The 8-bit I and Q samples are output at the
exemplary 40 ksps rate to the I/Q FM demodulator 96. Within the digital FM
demodulator 96 the I and Q baseband signals are demodulated into a phase

35 signal, and are then further converted into a demodulated frequency signal.
As is described in further detail hereinafter, the digital FM demodulator 96
also includes a DC offset tracking loop for removing the DC offset
introduced during RF processing within the receiver 84, an automatic gain
control (AGC) loop, and‘a frequency tracking loop.

[



the FM denodul ator initially calculates a ratio of the first and second
sanpl e 25 conponents of each digital sanple of the input signal. A phase
denodul at edyoogpknal is conputed by determ ning the arctarRgEmsIoe3ehch

di gi tal sarrp? ratio. A frequency denodul ated signal, equivalent to the
- denodul at ed information signal, is conputed by filtering the denodul ated
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sanpl ed,  si ngs@kdaleibbd Sudio information. Contemporaneously, the wideband data
recovery network 104 is operative to extract the received wideband data and
timing information from the demodulated frequency signal. This extracted
wideband signal information is then utilized by a wideband data message
10 decoder 108 which functions to identify wideband data word frames, correct
bit errors, and to forward the identified data words and messages to a control
processor for further evaluation.

III. Detailed Description of Dual-Mode Transmitter
15

A. Audio Interpolation Filter .

Turning now. to FIG. 2, there is shown a block diagram representation
of the audio interpolation filter 42. As is indicated by FIG. 2, each 12-bit
sample of audio data from the digital signal processor 20 is provided at a 20

20 ksps rate over line 18 to a zero order hold register 140 within the audio inter-
polation filter 42. The output of the zero order hold register 140 is then
sampled by an interpolating switch 144 at a rate equivalent to a predefined
multiple of the input data rate. In the preferred embodiment the switch 144
is toggled at 120 kHz; that is, at six times the audio data input rate. The

25 resultant 120'ksps sampled audio data is then sequentially processed by an

* 8-tap SINC filter 148 and by a 4-tap SINC filter 152. The 8-tap and 4-tap SINC

filters 148 and 152 may be characterized by the following z-domain transfer
functions T8 and T4, respectively:

T8=(1+2z1+..+27)/8 and

30 : L

T4=(1+2z-1+...+2-3)/4

The 4-tap SINC filter 152 is seen to provide the 120 kbps stream of sampled
audio data 44, where each audio sample 44 consists of 10 bits.
35 . - S
B. Wideband Data Waveform Generator
In a preferred embodiment, the wideband data waveform generator 54
is operative to directly synthesize a frequency-shift keyed (FSK) modulation
waveform from the binary message data 21. When the message data 21 con-
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' tion waveforms produced by the waveform generator 54 in response to
various pairs of NRZ data bits. The first NRZ bit within each pair is
identified along the horizontal axes of FIGS. 3A-3D by the notation X(n-1),
15 and the second bit identified by the notation X(n). In the representations of
FIGS. 3A-3D, twelve samples are generated in response to each bit of NRZ
data in order to produce the sinusoidal-like representation corresponding to
each Manchester data bit. Each of FIGS. 3A-3D depict twelve sample points
~ corresponding to the last six samples of the Manchester waveform for NRZ
20 bit X(n-1) and the first six samples of the Manchester waveform for NRZ bit
X(n). The synthesized waveform values are defined by the predefined fixed
constants *s0, s1, s2 and s3. The information illustratively shown in FIGS.
3A-3D is presented in tabular form in FIG. 3E.
Turning now to FIG. 4, there is shown a block diagram of a preferred
25 implementation of the wideband data waveform generator 54. In the
embodiment of FIG. 4, the input NRZ binary data is provided at an
exemplary rate of 10 kilobits/s (kbps), and the sampled Manchester
representation is generated at a rate of 120 kilosamples/second (ksps) with a
sample resolution of 10 bits. The waveform generator 54 includes an NRZ
30 data register 160 for storing successive pairs of NRZ binary data, X(n-1) and
X(n). An input multiplexer 164 generates a sequence comprised of the
values s0, s1, s2 and/or s3 based on the values of X(n-1) and X(n) stored
within register 160. For example, FIG. 3E indicates that for X(n-1)=0 and
X(n)=1, the multiplexer 164 will generate the sequence s0, sl, s2, s3, s3, s3,
35 followed by the sequence s3, s3, s3, s2, s1, s0. These sequences, and the
negatives of these sequences produced by inverter 168, are then provided to
output multiplexer 172. For the exemplary case of X(n-1)=0 and X(n)=1, the
output multiplexer 172 produces the sequence -s0, -sl, -s2, -s3, -s3, -s3
corresponding to the second half of X(n-1)=0, and the sequence -s3, -s3, -s3, -
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FIG.5 shows al block dlagram of the combmer & gain adjust network

48. The network 48 includes a digital adder 178 for combining the sampled

'10 audio data 44 with the sampled wideband data waveform 50 (FIG. 4). The re-

sulting 10-bit sampled FM modulation signal is then scaled, within a multi-

plier 180, by a 6-bit gain adjustment constant G,y. The constant G,p, is

selected to compensate for any deviation ‘from a desired voltage-frequency

response exhibited by a voltage-eontrolled oscillator (not shown) within the

15 RF transmitter 64. The gam-ad]usted digital FM modulation signal 58 from
multiplier 180 is then prov1ded to the CDMA /FM multiplexer 60.

Refernng now to FIG 6, there is shown a block diagram of the

20 CDMA/ FM Multiplexer 60. As is indicated by FIG. 6, a data multiplexer 190
receives both the CDMA data 66 and the digital FM modulation signal 58.
The appropriate data stream is multiplexed to a digital to analog converter
(DAC) 192 for conversion to an analog signal prior to output to the RF
transmitter 64 (FIG. 1). Selection of the digital input stream for output is

25 controlled by the FM/CDMA mode select signal applied to the data

multiplexer 190. Similarly, either a CDMA clock signal, or a digital FM clock
signal, is provided to the DAC 192 in order to synchronize the data
conversion process to the tlmmg of the mput (i.e., FM or CDMA) data
sequence. -

IV. Detailed Description of Dual-Mode Receiver

A. Baseband Digital ]

35 1. Structural Overview

Referring again to FIG. 1, during FM mode operation, the 8-bit in-
phase (1) and 8-bit quadrature-phase (Q) samples are output from CDMA/FM
receive mterface ADCs 92 at a rate of 40 ksps to the I/Q FM demodulator 96.
A block diagram of a preferred implementation of the I/Q FM demodulator
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errors remain at the zero frequency, while the frequency-translated CW
- signal is mapped to a non-zero baseband frequency equivalent to the pre-
defined frequency margin (e.g., 150 Hz). As is described below with reference

15 to FIG. 8, I-channel and Q-channel DC offset correction loop networks 210
and 212 are designed to remove this DC offset from the received signal path
prior to further processing by the I/Q demodulator 96. The DC offset correc-
tion loops 210 and 212 advantageously allow removal of DC offset errors
without destroying CW signal information.

20 . The FM demodulatcr 96 further includes an 1/Q phase generator 211
designed to produce an estimate of the phase angle of the received FM
signal vector. The function performed by the 1/Q phase generator 214 may

- be expressed as: L _

P(n) = arctan{l(n)/Q(n)},

25 where P(n) denotes the phase angle associated with the sample of the FM
signal vector defined by I(n) and Q(n). An exemplary four-quadrant arc-
tangent calculation yielding an estimate of the phase angle P(n) is as follows:

(i) compute B = min(111,1Q1)/max(I11/1Ql), |

(ii) determine an estimated phase value Pe(n) within the range -n to
30 7, where Pe(n) = TAN"1(B), and

iii) remap the phase estimate Pe(n) into the range 0 to n/4 based on

the relative magnitudes of 111 and 1Q!, and the signs of Iand Q.
The foregoing identifies one technique for performing a four-quadrant arc-
tangent calculation, it being understood that alternate versions of this
35 algorithm could 'be’émpldyed by those skilled in the art. ' :
| The sequence of phase estimates from the I/Q phase generator 214 are
~ 'then converted to a frequency signal by a phase to frequency generator 218.
In an exemplary implementation, the input to the phase to frequency
generator 218 consists of an 8-bit normalized phase signal P(n), where 0 <



conprise, for exanple, code-divjision multiple-access (CDVA) information
signals. An. FM CDVA node sel ect signaliprovided to transmitter 14 by a
control pr 9!:,40( not shown) allows selection of either thperHisgéiaabs FM or
30 CDMVA node of operation. .. . 1.~ --Overview of Dual -Mde Transm tter
Referring to FIG 1, the digital FM prog sing chain of transmtter 14 is

35 confi.gur to Jeceiv ampl ed apdi 9..i nt ormat | sj,gnals 18 froma
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signals 18 are provided ‘to "~  an audio jnterpolation filter 42 of .
transnitt er WhergiF(a) isahe fsequancyisasplasiesived from the neymalized phase sam-
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The 1/Q phase generator 214 and phase to frequency generator 218 are de-
scribed in further detail below with reference to FIGS. 10 and 11.
Referring -again to FIG. 7, an RSSI look-up network 220 calculates an
10 estimate of received signal strength based on the parameters max(i11,!Q!)
and min(11{,1QI)/max(i11,1Q1), both of which are provided by the I/Q phase
generator 214. The resultant RSSI signal is then used within a digital
automatic gain control (AGC) network 222 to create a digital AGC control ‘
signal, which is subsequently converted to an analog AGC signal by D/A
15 converter 224. _ - -

As is indicated by FIG. 7, a frequency tracking loop filter 250 receives
the frequency samples Fn(n) p_roducéd by the phase to frequency generator
218. The frequency tracking loop filter 250 generates a digital signal which is
converted to an analog frequency tracking signal (Frz,oo) by D/A converter

20 251. The signal Fp, is employed within the analog receiver 84 for
frequency adjustment of the local oscillator signal used in frequency down
conversion of the received RF signal. As was noted above, the received
I-channel and Q-channel FM signal energy is frequency translated within the
analog receiver 84 to a baseband frequency different from 0 Hz in order to

25 facilitate removal of undesired DC offset errors. Accordingly, a predefined,
constant frequency bias (Fg,,s) is provided-to the frequency tracking loop filter
250, and subtracted from the frequency samples FN(n) processed thereby, in
order to compensate for the baseband offset introduced within the analog
receiver 84. -

30 _ _

2. Operational Description of FM Demodulator _

Turning now to FIG. 8, there is shown a block diagram representation
of the I-channel DC offset loop filter network 210, it being understood that
the Q-channel DC offset loop filter network 212 is identical thereto. As is

35 indicated by FIG. 8, the I-channel offset correction signal 260 produced by the
loop filter network 210 is supplied to a subtraction circuit 262 within the
baseband I-channel :path. The loop filter network 210 is designed such that
the I-channel corfejct_ion signal 260 approximétes any undesired DC offset
present ‘within the I-channel path. In this way the compensated signal
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58 produced by the com Jkner & gain adjigst network 48 is provided to a

oo Se1 Sct =il 8 WRL By i1 RN 504 I ABBI BOLRIABRENPHELYY
the digital FMoffsgteEorsn si gnal to a digital to anal og converter (DAQ

62. Wthin an RF trEIHS(’S?)érEﬁBnpﬂhé 'Eﬁ% txze&elséﬁa{rﬁ{étl GERAICHORM P MR bR erter
Si gnal directly rmdijg-mtgl the f te frequency

| a
carrier. Furtheb06ggit eowecawsfé d$ ﬂeanﬂmgn therengtgw AR ARG 10
nodul ati on si grfgkeri szeneé Eés&tltahﬂ d@giﬁalrldc&m'@tev\téheéﬂitm $fgriah ie tHéroRoAverted

ded bel h f h
bperation in iy He RraPErERaell sopeton sigmal 260, bynBYAoip iy S22 CH7A
data signal carpm&tﬂd@t@%uhﬁmmommuﬁ&ﬁk supplied to the RF
transmtter 64 in |i e tréd%vglg)l Y My (ﬁyn éma“%oéf?‘?%tﬁw ;89

CDVA node operation 't nsmtter 64 géner e ase
quadr at ure phaseroytged, o€ adpreseraeth implemesndatiencet t Iq‘-’éﬁ&zpm oop filtarcB70.

typical ly conoeBgofiler 27(RirtRiddscan Msméﬁ‘@aétiore regiStet Y6 fer sﬁpﬂgmgﬁm st

LN o TSSO S ENA Ioge SBERAL e TR o B 0L e 1
spread the CDI\/lﬁshxlﬁtragrstgrﬂﬂs pThertmne torestamt of ithe. I-c‘HmnlebsIDﬂZtcffsgt kerreation 25
e oo Shr eSS MR ) R UM e et i
bits 280 which, together with a two's complement bias signal 282, are
15 prov1dgd to the shift register 278 by the receiver control processor. The 11-bit
output of shift register 278 is supplied to an accumulator 286, which operates
to provide a 21-bit sign-extended accumulated output to a 9-bit MSB
~ extraction circuit 290. The extraction circuit 290 sends the nine MSB's of the |
21-bit accumulated digital offset correction signal to the D/A converter 272
20 (FIG. 8), which produces the analog I-channel correction signal 260.
In particular, the table of FIG. 9B is indicative of the manner in which
the bit shifts carried out within shift register 278 set the time constant of the
DC offset correction loop. As is indicated by FIG. 9B, the DC offset correction
loop is capable of operation in both TRACKING and ACQUISITION modes.
25 Operation in the ACQUISITION mode is characterized by shorter loop time
constants, which allows for rapid initial convergence of the offset correction.
' The relatively short loop time constants utilized in ACQUISITION mode
increase the loop bandwidth relative to the TRACKING mode bandwidth,
| allowing larger offset errors to exist during ACQUISITION mode than in
. 30 TRACKING mode. Convefs'ely, the_ lo_nger'loop time constants, and hence
narrower loop bandwidth, are used during TRACKING mode in order to
minimize steady state offset errors. Such dual-mode operation allows initial
- convergence to be obtained with minimal delay, yet 51mu1taneouslv enables
optimization of steady-state performance '
35 Turning now to FIG. 10, there is shown a block diagram representa--
tion of the 1/Q phase generator 214. The I/Q phase generator 214 includes
I-channel and Q-channel binary conversion circuits 296 and 298 for deter-
mining the sign and magnitude of the I-channel and Q-channel baseband
data. In a preferred implementation the I-channel and Q-channel baseband



are sumed, band-pass filtered, shifted to an RF frequency, and again
filtered and anplified prior to being radiated via antenna 70 over a

comuni cat'8§ %{%nel t o dual -node receiver 16. An exenpl apgT/CEIgA6HD
transmtteroaf veform generator is described in, for exanple, US.
Pat ent No. 5, 103, 459, issued 1992, enj, 1tled System and Met hod for
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sign1f1cant bits (LSB’s); otherwise, the absolute value is obtained by inverting
the eight LSB’s. The conversion circuits also produce sign values I+ and Q+,

respectively, indicative of the signs of the current I and Q channel baseband
10 data samples.

TABLE I
Offset | Bmarv Bmarv Absolute Value Decxmal Absolute Value ‘
1,1111,1111 | 4 [1111, 11111111 |25
1, 1111 1110 : + 1111,1110 . |2545 . - ' |
..... B + | e .
1,0000, 0001 +- 0000 0001 _ TS-L
1,0000,0000 1+  }0000,0000 0.5
0,111,111 ~[0000,0000 |05
WO1111,1110 - _Joooo,0001 |15
II XY YT - essee o] seces — :
0,0000,0001 - 1111,1110 | -245.5
0,0000,0000 1111,1111

15 Refernng again to FIG. 10, a digital comparator 302 compares the Il
“and 1QI values, and supphes mm( 111,1Ql) and max( 1!, 1Ql), respectlvely, to

- digital divider 306 on signal lines 308 and 310. The comparator 302 also
generates the control 51gnal Ci/Q. If l111 > IQI the control signal CI/Q is set
to one; otherwise, CI /Q is set to zero.

20 The divider 306 produces a 6-bit RATIO signal, where the RATIO sig-
nal is equivalent to mm(lIl lQl)/max(lIl 1Q!). The RATIO signal is pro-
vided to an ARCTAN ROM table, and serves as an index into table 316.
More partlcularly, the function THETA=arctan(RATIO) is stored within the
table 316. The index RATIO ranges from 0 to 63 correspondmg to the

25 decimal range of 0 to 1, and the computed value THETA ranges from 0 to 31
corresponding to the decimal range of 0 to /4 In an exemplary
implementation, the ARCTAN ROM table 316 consists of the set of
sixty-four 5-bit phase estimates set forth in TABLE II.
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ROM table 316 to the proper octant.
performed based upon whether I >0, Q > 0, and upon whether III > 1Ql;
that is, upon the values of I+/-, Q+/- and C1/Q TABLE III sets forth the

adjustment ‘made by the octant adjustment network 320 to the THETA
15 values associated with each combination of I+/-, Q+ /- and C1/Q.

As is indicated by TABLE II, only ”principal value” phase information
is stored with the ARCTAN ROM table 316. That is, in order to conserve
memory space the ARCTAN ROM table only includes values from one
eighth of the polar plane, i.e., from zero to m/4. Accordingly, an octant
adjustment module 320 operates to produce an output sequence P(n) of
10 PHASE values by rotating each THETA value retrieved from the ARCTAN

The octant adjustment process is
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PHASE [7]=~Q+/-
PHASE [6]=I+./- XOR Q4-/- o
PHASE [5]=~C1/Q XOR I+/- XORQ+/-

10

] 0000,0000+THETA

expressed as:

The logiéal operations performed to calculate the PHASE values listed
* in TABLE III may be equivalently

PHASE [4..0]=~C[/Q XOR I+/- XOR Q4/- XOR THETA [4..0] where

PHASE][i] identifies the ith bit of the unsigned 8-bit phase value, with bit 0

corresponding to the least significant bit. - '
‘Turning now to FIG. 11, there is shown a block diagram of a preferred
impleme-tation of the phase to frequency generator 218. The generator 218
15 is dispo: ! to convert the sequence of phase values P(n) generated by the 1/Q
phase generator 214 into a normalized sequence of frequency values Fn(n).
Again, the differentiation function performed by the shift register 330 and
digital adder 332 within the phase to frequency generator 218 may be mathe-

matically represénted as F(n) = P(n) - P(n-1). A range adjustment module
20 334 is provided for normalizing the sample sequence F(n) to a séquence of
samples Fy(n), suéh that -1 < Fy(n) < 1. In an exemplary embodiment this
range adjustment is calculated modulo 2. For example, a modulo 2 range

adjustment of P(n) = 1.1 results in this quantity being remapped to the nor-
malized frequency FN(n) = -0.9. The modulo arithmetic removes any

ambiguity in the phaée difference calculation arising from “phase-wrapping”

around the unit circle. The frequency samples are then processed by the
audio decimation filter 102 and wideband data recovery network 104, both of

_ which are described further below. '
Referring to FIG. 12A, there is depicted the block diagram of a digital

30 AGC loop operative to control amplification of the intermediate frequency
(IF) signal generated within the receiver 84. The digital AGC loop is seen to



both an audio decimation filter 102, and to a wi deband data recovery
network 104. After being processed by the decimation filter 102, the 5
down- sanpl ed yylsifasstl 9nal is passed to a vocoder (not shown) pEug8aesry
of the received audio information. Contenporaneously, the wi deband data
recovery network 104 is operative to extragt the*received w deband data and-
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by a 4-tap S| Manplifier3503¢ cafidide &f tpa:pvmhdg4hmm @BYCgain control over a hrgh
dynamic range. Amplifier 350 may be of a design described in, for example,
U.S. Patent No. 5,099,204, entitled Linear Gain Control Ampl ifier, and

15 assigned to the Assignee of the present invention.

In order that a closed-loop AGC system be depicted in FIG IZA a gen-
eralized representation is presented of the baseband processing performed
within receiver 84. More particularly, the level-controlled IF signal from
AGC amplifier 350 is translated to a baseband frequency within mixer 354.

20 Asnoted above, the frequency of the LO signal applied to. the-mixer 354 is
selected such that the center IF freq_uency is mapped to a baseband frequency
offset from zero Hz. The baseband signals I and Q produced by mixer 354 are
then filtered and digitized within a baseband LPF & A/D network 358 prior
to being sent to the CDMA/ FM receiver interface 92.

25 Turning to FIG. 12B, a block dxagram representatlon is provided of a
preferred 1mplementatron of the RSSI network 220 The RSSI network 220

is operative to perform the functron 10 logl()(I2 + Q ). This function may be

alternately expressed as follows:

30 RSSI=20logiofmax(l1l,1Q1)] + -
10log10[1+min(I11,1Q1)2/max(i11,1Q1)?]

'Ihevaluesofmax(lIl,lQl)andmin(lIl,lQl)/max(lIl,lQl)can be efficiently
obtained from the I/Q phase generator 214, since these intermediate results
35 were also required to be determined during the phase demodulation process.
The calculations - of . 20log1o[max(11,1QI)] and
10log10[1+min(111,1Q]I )2/ max( 1! ,IQI)Z] are performed within first and
second LOG function blocks 370 and 372, which may be implemented using,



b

filters 148 and 152 may be characterized by the foll ow ng z-domain transfer
functions T8 and T4, respectively: T8=(1+z-1+...+z-7)/8,and 30

T4=(1+z-1+. The 4-tap SINC filter 152 i's seen f,@r,ggggmﬁg t he
120 kbps st‘yggﬁ?og%({ sarrpl ed audi o data 44, where each audi o sanple 44
consists of 10 bits. 35 B.. Wde d Data. Waveform Generator

operative 1ol FERPPIE oMo RbtR Bt REQE R 9 TER) (Rl 8F on -
wavef orm f romﬂ\}mtxbnahlqgm:‘rga&agér hkaRSSEélgansrthéh@blmaedg@ chahbinidg ahe-
0 72050 e o 6, e S T T MR,
generator 54 bot m&&ﬁedewtsa]pwegedhmmemwans digitah $ubtractor
synthesi zes 34iPanPinteprtbrE408; HRVEERAIMGEREWOIR2IL RERHINY o FIG. 134,
the AGC_REF signal from register 344 is provided to subtractor 340 along
with the RSSI signal from the RSSI network 220. In an exemplary
implementation the AGC_REF parameter is a 5-bit constant which is loaded
into the register 344 by the receiver control processor. Referring to FIG. 13A,
10 the 5-bit predefined constant signal AGC_Ref from the control processor is
" provided, in conjunction with the:7-bit RSSI signal from the RSSI network
220, to the subtractor 340.. The resulting magnitude difference (i.e., signal
level error) between the estimated RSSI signal and the desired signal level ‘
(AGC_Ref) is - scaled by the loop filter gain network 341. The loop filter gain
15 is specified by a gain value G, where G = 0.a1a2x23HIFT. In an exemplary
' embodiment, the f’racfion‘al c'ompbn’ents (ata2) comprise 2-bit. values, and
the arlthmetlc left shift spec1f1ed by the parameter SHIFT is a 3-bit value. As
an example, for a1=1, a2=1 and SHIFT =3, the equivalent loop gain is 0.11x2 3
(binary) or 3/32 (decnnal)

20 In FIG. 13A, the fractional scahng process is implemented as full
multlply and the shlft process is ‘performed as an arithmetic left shift. Two
predefined constant loop gain 51gnals respectwely identified as AGC_Attack
and AGC_Decay, are prowded to the AGC network. AGC_Attack and
AGC_Decay each -consist of a 2-bit segment representmg the gain

25 components al and a2, and a 3-bit segment representing the parameter
SHIFT. The sign bxt of the 51gnal level error signal determines the scaling
thereof by AGC_Attack and AGC_Decay. If this sign bit is positive (i.e., logic
“0”), the error is scaled by the gain specified by AGC_Decay. Conversely, if
the error is negative, the error is scaled by the gain specified by AGC_Attack.

30 For positive signal level errors, the AGC loop is operative to reduce the
signal level by reducing the' AGC amplifier gain. Inthis instance the loop
gain, and hence the corresponding loop time constant, are defined by the
value of AGC_Decay. Similarly, in the presence of negative signal level
errors the AGC loop is operative. to increase the signal level by increasing

35 the AGC amplifier gain. Under this circumstance the loop gain and time
constants are defined by the value of AGC_Attack.

The selection of the loop time constants is performed in accordance
with the desired balance to be achieved between the signal level tracking
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sanpl ed Mancheentnol voltage. The seven most significant bits (MSBs) are extracted from
15 the output of integrator 342 and provided to the DAC 224 (FIG 12A) which
again, operates to adjust the AGC amplifier gain.

FIG. 14A illustratively represents the architecture of a preferred im-
plementation of a frequency tracking loop included within the dual-mode
receiver. Referring to FIG. 14A, the frequency tracking loop filter 250 in-

20 cludes a digital subtractor 390, to which is provided the 8bit FM

demodulated frequency signal from the phase to frequency generator 218
Subtractor 390 is designed to subtract the frequency bias signal (FBIAS),

which in an exemplary implementation is approximately equivalent to one

frequency LSB (i.e., to 156 Hz), from the 8-bit demodulated frequency signal.

25 The resulting difference signal is supplied to a shift register 392, and is

bit-shifted in accordance with a frequency tracking loop gain constant

FGAIN. Compiled within the table of FIG. 14B are the time constants of the

frequency tracking loop associated with various gain constants Fga.

The sign-extended output of the shift register 392 is then sent to a

30 digital accumulator 394. In an exemplary implementation the output from

the shift register 392 is of 15-bit accuracy, and the accumulator 394 is 22 bits

wide. As is indicated by FIG. 14A, the 8 MSB’s output by the accumulator 394

are provided to the D/A converter 251. It is also understood that during

CDMA mode operation a CDMA frequency tracking signal may be multi-
35 plexed to D/A converter 251 in lieu of the output from accumulator 394.

The frequency track signal Frrack produced by D/A converter 251 is

used to adjust the frequency of a local oscillator 396 included within an RF

- portion of the receiver 84. The receiver 84 further includes a mixer 398 for

translating the frequency of the received RF signal in response to the applied



representation is generated at a rate of 120 kil osanpl es/second (ksps) with’

a sanmpl e resolution of 10 bits. The waveform generator 54 includes an NRZ
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B. Audio Decimation Filter :

i nverter

10 Referring now to FIG. 15, a block diagram is -provided of a preferred

implementation of the audio decimation filter 102. The decimation filter
operates to convert the demodulated frequency signal from the 1/Q FM
demodulator 96 to a lower data rate. In an exemplary embodiment the 8-bit
data at 40 kilosamples/second (ksps) produced by the I/Q FM demodulator is
15 -converted within the filter 102 to 12-bit data at 20 ksps. -

The filter architecture of FIG. 15 relies on a set of cascaded SINC filters
(ie. sinc(x) = sin(x)y) to achieve hardware implementation efficiency. In
particular, the filter 102 includes an input 3-tap SINC filter 412 cascaded with

a 2-tap SINC? filter 416. The output from the SINC? filter 416 is sub-sampled .

20 by switch 418 at the exemplary rate of 20 ksps. The filter 102 will typically be
designed to provide at least 40 dB of attenuation over the frequency range
‘from 16 to 20 kHz. This degree of attenuation may be effected by realizing
the SINC filters in accordance with the following z-domain transfer

functions:
25 '
SINC Filter Tra F
3-tap SINC (412) ' (1+2z1+22)/4
-~ 2-tap SINC? (416) A +2z-1)(1 +2-1)(1 +2-1)/8
30

C. Wideband Waveform Timing/Data Recovery
Turning now to FIG. 16, there is illustratively represented the archi-
tecture of an exemplary implementation of the wideband data recovery net-
35 work 104. The wideband data recovery network 104 is disposed to perform
timing recovery and decoding operations upon the Manchester-encoded
data stream received by the dual-mode receiver 16. . The network 104
includes a receiver (RX) filter 430, which approximates a matched filter for
the Manchester symbol stream. In addition, the RX filter 430 band-limits the

4



168, in order to generate the sanpl ed waveform associated with the pair of
5 NRZ val ues X(n) and X(n-1) currently stored within the register 160.
C. Conbi ner 8@69@3(@3 Adj ust Net wor k FIG 5 shows a blpariuses/mgsam
of the conbiner & galn adjust network 48. The network 48 includes a
digital adder 178 for conbining the sanpl e% O audio data 44 with the
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(FIG 1). SeleHdresing thdeanmiprirhdd of ﬂi%%ilt&*eﬂ roﬁ%@&'b 't‘hezﬁxqmgrrﬁd ed
by the FM CDVA rmde sel ect si gnal pl i r 190.
Srmilarly, eitHorasat leefeoeksgpg%r%@tlgnd.sgﬁleg e e &rGE%sRI&ngnarmrngs
provi ded to theedoiéryl 8adiManchistert decydeciwtororks 43Beardhdd4. The interpolation
filter 432 is shown in greater detail in FIG. 17, and is seen to include a zero
order hold 436 for receiving the 40 ksps stream of samples from the RX filter
15 430. A switch 438 is provided for resampling the output of the zero order
hold 436 at an exemplary rate of 320 ksps in order to provide the requisite
time resolution for timing recovery and detection of the 20 kbps Manchester
stream. The resultant resampled 320 ksps sample stream is filtered by an
8-tap SINC filter 440 having a transfer function of (1 + z-1 + ... + z-7)/8. The
20 resultant linearly interpolated sequence y(n) produced by the 8-tap SINC
filter 440 in response to a sequence x(n) generated by the RX filter 430 may be
represented as follows:

y(8n+k) = x(n), . for k = 0; and
25 y(8n+k) = y(8n+k-1) + (x(n) - x(n—l))/8 for k=1,. ,7
Turning now to FIG. 18A, block diagrammatic representations are
provided of the timing recovery and Manchester decode networks 433 and
434. In an exemplary embodiment the Manchester decode network 434 is
realized using a 1st order digital phase-locked loop (DPLL), the timing of
30 which is governed by zero-crossings 460 produced by the timing recovery
network 433. As is indicated by FIG. 18A, the timing recovery network 433
includes a data thresholding' circuit 464 for providing thresholded data bits
470 at the interpolated rate of 320 ksps to a zero-crossing circuit 472. The
thresholded data bits 470 are produced based on the sign of the input sample
35 sequence.  Specifically, each zero-crossing 460 is produced within
‘zero-crossing circuit 472 by XOR’ing successive ones of the thresholded data
bits 470.
The DPLL of the Manchester decode network 434 is designed to lock to
the exemplary Manchester symbol rate of 20 ksps. The decode network 434



- conversion process to the timng of the input (i.e., FMor CDMA) data ‘

sequence. 30 V. Detailed Description of Dual -Mde Receiver A
Baseband Di gital FM Denodul ator 35 1.- Structural
Referring 670%8 FIG 1, during FM node operation, the 8$r6*klﬁ\&“6363 phase

(I')-and 8-bit quadrature- phase (Q sarrpgof are out put from COVW FM
receive interface ADCs 92 at a rate of ksps to the | / Q-FM denodul at or
96. A bl oéRcludesrRANQTressHEpanpled Phase errctan 4P, ovhichels| ppemafive to ;

denodul at Olr sample the outplti 6f ?Wehﬁtdﬁhﬁxlﬁtorgh&l'uﬁﬂﬁ genSRITRIE f3é4th I
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signal . | ndakesa 8t errpr signahekteacted ftamthe t3hmobta signdfichne chitsv@8Bg) i gnal
I's transl a§ gt Hhade RREGNAMor, to which a 1/2 least’ significant bit (LSB) offset is.
added in order to produce an unbiased 4-bit phase error estimate. Each de-
tected phase sample produced by the phase detector 480 is bit-shifted within a
loop gain scaling register 490 in accordance with a loop gain shift (Lsyer )
command from the receiver control processor. The magnitude of the
10 bit-shift carried out within scaling register 490 determines the time constant
and, hence, the bandwidth of the DPLL within network 434. The time
constants and loop bandwidths associated with an exemplary set of Lgyrr
values are set forth in FIG. 18B. |

As is indicated by FIG. 18B, in a preferred embodiment the Lgyjrr val-

15 ues range from 5 to 8, which corresponds to a loop bandw1dth range of be—
tween 80 Hz to 10 Hz. '

Again referring to FIG. 18A, the phase accumul_ator 484 is updated in
identical phase increments at an exemplary rate of 320 kHz. In an exemplary
implementation each fixed phase increment is. selected to be 1/8, which

20 results in the accumulator 484 ramping from -1 to +1 once every Manchester
symbol of 16 clock cycles at 320 kHz. The phase accumulator 484 will gener-
ally be implemented to wrap upon overflow from 1.

‘In operation, the DPLL of FIG. 18A will phase lock such that the
zero-crossings 460 of the input signal coincide with zero-crossings of the +1

35 output from phase accumulator 484. Although. in principle this results in
an average sampled phase error of zero from the phase detector 480, various
factors (e.g., quantized time resolution and signal noise) ensure continuous

“loop operation by causing a non-zero sampled phase error. As a specific
operational example, consider the case where the +1 signal transitions from

30 the phase accumulator 484 are “leading” the zero—crossmgs 460 of the input
signal. In this instance the resultant posmve error signal is subtracted from
the next 1/8 phase increment provided to subtractor 498, thereby reducing
the phase lead of the output of accumulator 484 relative to the input
zero-crossings 460. '

35 Referring to FIG. 184, the recovered Manchester clock 502 may be de-
rived from the sign of the phase error accumulated within accumulator 484.
During phase lock, positive transitions of the recovered Manchester clock
502 correspond to inter-symbol transitions of the recovered Manchester data

~ 504 produced by latch 506. More particularly, the Manchester data 504 is



5‘f_requency offset fromthe zero frequency (i.e., 0 Hz) by a predeterm ned
margin. As noted above, the analog receiver 84 is designed to map those
recei ved si gngleoggifeh are of fset fromthe RF center frequencyPdm/Usss/16363
predef| ned frequency margin, e.g. 150 Hz, to the zero frequency. Such a DC -
of fset margin allows di fferenti i ation bet wee@_tgn unnodul ated FM signal, 10
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210 and 212 ad\fmmagéwya;e Autput rsaﬁ@ﬁsanveoPaIEx:OéfMget:h@mrorssm OISMOFlhélﬁnal
destroyi ng CW girf3al528 nid N850, ONEact0 pair of M&hdﬂ‘ébﬁ@”@ bl s 9 réﬁabaerto

the phase. angl SnBIRest BEL.A) st xR eate Sle. drE" Ef Siek SHREL BB e
by the 1/Q phesﬂschtﬁﬂdétho 2 5dcomiyXOR patec54p) arsd dsl fnther ; assed through inp(n)

= arctan(l (n)/ Qg ), é?er%;]gfleve&ﬂgﬂg 0, S R e taE PAger Sab'

t he sanpl e of
exenpl ary fourmymdeét@the secpad@@ﬁRga&ém ation yiel d| ng. an estimte of

the phase angle P(Min!#phfelrel|éiBodiment the NRZ deesdé S20Piricl el al@indom
Lerr])/max( [er] llk fll[t f ) 550 disposed to recover the NRZ data and clock phase in
15 response to the outputs of XOR gates 536 and 542. The NRZ decoder 520 is
also provided with the NRZ bit clock 554, which is obtained by passing the
recovered Manchester clock signal 502 through a divide-by-two circuit 556.
However, direct Manchester to NRZ data conversion may not be performed
- solely on the basis of the timing information inherent within the NRZ bit
20 clock 554, since there exists a 180 degree phase ambiguity between the
Manchester clock 502 and the NRZ bit clock 554. In accordance with the in-
vention, this phase ambiguity is resolved in the RWF 550 by relying on a
particular error-detection property inherent of the recovered Manchester
data 504. Namely, it is characteristic of a Manchester data stream that the
25 XOR of successive'Manchester symbols is always unity.
Referring to FIG. 19A, each successive pair of Manchester symbols 528
. and 530 correspond to a pair of possible NRZ decoded data values. The RWF
550 is operative to select one of these NRZ values via multiplexer 534 by
processing the recovered Manchester data to determine the most likely NRZ
30 sample phase. Specifically, NRZ logic 560 within the RWF 550 accepts the
outputs from exclusive-OR gates 542 and 536, which are hereinafter respec-
tively referred to as phase validity indicators Phase 1 (P1) and Phase 2 (P2).
The phase validity indicators P1 and P2 are identified with the two possible
NRZ data bits 530 and 528, respectively, provided to multiplexer 534. On the
35 rising edge of the recovered NRZ clock 554, an accumulator 562 within the
RWF 550 is provided with an incrementing value (INC) incremented from
NRZ logic 560.
In the preferred embodiment the incrementing value (INC) is either 0
or 11, and is produced by the NRZ logic 560 by analyzing the phase validity



(ii1) determ ne an estlmated phase value Pe(n) within the range -[err] to 30"
[err], where Pe(n) = TAN err] (B) Cand’ Iii) remap the phase

estimate Pe(n) i nto. the range O to [err]/4 based on t he '
magni t udes WO PRSP and [err], and the signs of | ‘and Q E"erlﬁ@ts %ﬁéﬁoi ng

identifies one technique for performng a_ four-quadrant arc- t angent
calculation, it being understood that alt 1ate versions of this 35
al gorithm comd:lcatierserﬁil ayd Py t ansordaricel with ithet Manghester error-detettion R

sequence of fentihed SIS&JE t fieis IddeRRae fSP'aﬁ agcl%n%me@rsaccesh%n |

an exenpl ar NWL@%EH Piitbol; L1 e SeHIER oXORng NSRS ArdctRgeRt pvmbols,

gener at or 21gnd @IS geheratdd zby ROR' ingn ehigrakéctril anhaéﬁrdl gmbolB( nThe Wiedse 0 <
WO 96/ 2054 "
PCT/ US95/ 1%3g§lxd1ty indicators P1 and P2 are “correct when set equalltA) one,P? ince guf The

di f f er ent'i at satisfiesinthe oManshestere értoy- detectmraseomsiramqumtcythe Reraft or
%(1?,) ay P?ﬁ g?ﬁé@é@@v\%%?iﬂbégé %grlﬁﬁ%ﬂteq?rhgéuigﬁlclé @gl;% anal P2 is dm];orrect': (b =
nornal i zed phAeBENYlater 562 is mcremented For the converse state (1e P1—0 and P2=1)
the accumulator 562 i 1s decremented If P1 and P2 are of the same value, the
10 accumulator 562 is .nelther incremented nor ‘decremented. FIG. 19B
provides a table sﬁinfﬂarizing this mode of operation of the NRZ logic 560.
In an exemplaty implementation the accumulator 562 is 6-bits wide,
and hence’ saturates at -31 or +32. The correct NRZ symbol is selected by
multiplexer 534 based on the sign of the value stored within the
15 accumulator 562. In particular, a positive accumulated value. results in the
Manchester symbol on signal line 530 bemg prov1ded fo output register 566,
while multiplexer 534 passes the Manchester symbol on line 528 to register
566 in response to negative accumulated value. :
The NRZ ‘decoder 520 is advantageously designed to be self-
20 synchronizing. That is, the decoder 520 does not require initialization upon
the start of system operation. In addition, the worst case “walk” to achieve
the correct NRZ phase is 32 for 1mplementat1ons of the RWF 550 which
include a 6-bit accumulator.
In a preferred implementation the serial stream of NRZ data from
25 output register 566 may include messages of various formats encoded
therein by the dual-mode transmitter 14. It is anticipated that techniques
may be devised by those skilled in the art for identifying and extractmg such
message information from the serial NRZ data.
The previous descnptlon of the preferred embodiments is provxded to
30 enable any person skilled in the art to make or use the present invention.
The various modifications to these embodiments will be readily apparent to
those skilled in the art, and the generic principles defined herein may be
applied to other embodiments without the use of inventive faculty. Thus,
the present invention is not intended to be limited to the embodiments
35 shown herein but is to be accorded the widest scope consistent with the
principles and novel features disclosed herein.

We claim:



5: pl es P(n) and P(n- n_a_ | SR _ the frequency sanpl es
F(n) ‘are nornualized to_a sequence of samyc E'ﬁ@-r-r—] n)....such that -1 <

FN(n) < 1.  wdéstokdoQ ced 1 AANd--phase 10 1T eqUeErTIyUSpsnessat or

218 are de- scri bed i i bel ow: vy FIGS. 10

and 11. Referri G 7;1'7an'qu I“ amaﬂmﬁmrk 220
®n 1 he

calcul ates an 10 estimate of received si MS! I engteh base

paranmeters max( [erqy] r : ] A . errl),
bot h of which are plr' ol\%-ggéll %‘}?df hdelgpg ]meo%as'gﬁk n%%ﬁg%t%%@% .S{f%rlécart&léf%ant
RSSI signal Rsinféramatioresigniat H'ulm'r% C%us@'atiah in fregh@ytinoduddted (PMY ahd EAGC)
network 222 to.create a di%iqtal ( ,aiontrol . signal, which_is
subsequent |y cEP§ACEeS MEdes saichdigtad gommynigation system SompRiSinger 224.

As is indicaped by - Yedor | 1.gopn.;fi. r i\ es
t he frequencg sarrpld;g@?:lN ﬁfapééﬁﬁgggﬁ-bg&tﬁéﬁ%ﬁggégt %1{‘1 r‘éﬂﬁé%%%é%ﬁéﬁgﬁ
218. The frequagan FMhckimmuhiratiohi bigaal dbfingeopermition in dagl FM modaahnd
which is  converted to.an anal,og frequency tracking, signal (F[err]) by

Blop sEAnsmtting; Grhifl PPETIARGN & nBEBFb URINEN 17 { R ggcess

D/ A converte

receiver 84 f Wommuhﬁ&%ﬁnﬁgnﬂdaﬁﬁhgﬁ?er%oﬁ k& 55%?1%1{18?2&?-5&%%9 ImSddgd used

i n frequency down conver Si on of recelve was not ed
above, the ré8ceived dual-modenreseiverdfod wdeaiving $itl SFnabmemenigution signal

frequency trangl ated w thin.the. nal regeiver 84.to a. paseband
[requency di 1 1LHENE OPREARA ib i SMARoRE, S86riel, Teceiing saidh puitighe access
undesi red DGoions@iur@édtiirs -sigi(‘a@flﬁﬂ'iﬂ? loperatidt o8l @hid Rfhltiple-488s 3Rbde, said
frequency bias (F[err]) is provided to the frequency trgckl ng | oop ?l?ter
250, and subt rdialgnode oreceiver fingndingy digitab| demedilatom meanss ddr tiecoweringi n

order to cOBRRPifotMarbh°RASPRANA ifSRtei Bl AN GERIL Y bPEANR 4
S said FM mode and for recovering said information signal from said received

14 multiple-access signal during operation in said multiple-access mode.

2. The system of claim 1 wherein said dual-mode transmitter in-

2 cludes: | | _
means for converting a first sequence of binary data within said infor-

~ 4 mation signal into a sampled modulation waveform; and
a modulator for providing said FM communication signal by
6 modulating a carrier signal based at least in part on said sampled

modulation waveform.

3. The system of claim 2 wherein said transmitter further includes

2 means for multiplexing a second sequence of data with said sampled modu-
lation waveform to form an FM modulation waveform, said modulator
4 being operative to modulate said carrier signal with said FM modulation

waveform.

4. The system of claim 1 wherein said digital demodulator means
2includes an FM demodulator for converting said received FM
' communication signal into a digitized input signal centered about a

4 predefined frequency offset from zero frequency, said input signal
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t+he-t=thannel of fﬁ correction signal 260 pr oduced

262

undesired DC offset present wthin the |I-channel path. Inthis way the
conpensat ed si gnal WO 96/ 20540

PCT/ US95/ 16363 % c t he
subtraction circudr t%zsylstsemrrao %o e su l'berantslaé Iy f%lgremg?ﬁ Y ?‘g’ftP‘é
errors. 2 includes:; operation, the digitized I -charmel signal from an A/ D
converter 266. wthin the receiver ‘84.is quantl zed and filtered within a

quantizi ng | oop 3NN cfor 2 velculptimg: & atigntof gitlg ¢ first| Aadarkesend opample on
signal is §hegSEHbKEE BFgach digital sample of said input signal;

means. for caléulating a phase vector of each digital sample by
6 determining the arctangent of each of said ratios; - |

octant adjusfment’ means for rotating each of said phase vectors to be
8 within a predefined angular range; and | |

a digital filter for prov1d1ng a demodulated frequency S1gna1 by

10 filtering said rotated phase vectors

6. The system of claim 5 wherein said digital filter includes a subtrac-

2 tion circuit for subtracting, from an angular value of each of said rotated

phase vectors, an angular value of a préceding one of said rotated phase vec-

4 tors.

7. The system of claim 5 wherem said predefmed angular range ex-

2 tends from zero to 1r/ 4 radians.

8. The system of claim 1 wherein said dual-mode receiver includes an

2 FM-mode automatic gain control apparatus operative to provide a gain con-

trol signal by seléctively integrating an error signal representative of differ-

4 ence between power of said received FM signal and a reference signal.

9. The system of claim 1 wherein said dual-mode transmitter

2 includes a code—divisibn multiple-access (CDMA) modulator/ transmittei for
producing said multiple-access communication signal in the form of a
4 CDMA communication signal and for transini_tting said CDMA

communication signal, and wherein said digital demodulator means.
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to the anal og I-char‘me |!H I!IH nmsl u al—260_hy- I/ A converter 272, and
provided to the subtra SHEET HAS BERRflerring now to FIG 9A,
a partially spbeogpisis represent at i on is REBL;WED:Ied ofl a pref ePEEYSIS/16363

i npl ement ation of the quanti zing | oop TITTer—276—48dThe filter 270

I ncl udes an MSB extraction-:register 276 fo@%uppl Yi¥ig the nost

significant By inc(ldB)a CDRIA dEHm%dSil%r bk ’exﬁ'facttlﬁlg sgrdJir{fo%TaﬁHh o éf IR'om
converter to -shift register 278. The time constant of the I-ch DC
of f set correct$aid CDNb‘b;sommumcahenmgn@lzgcmm byesaid rduadimede bgceacqrust i ng
t he nunber of shift bits 280 which, together with a two's conpl enent bi as
si gnal 282, are 15 provided to the shift regi ster 278 by the receiver :
control processor. ihenld dual-modd!idigitaloéoriiiriicA88h Ss@iterd/ BpbativePR] ifed to
an accunul ator 286, which operates to _provide a 21-bit sigh-extended
accurul at ed GugpeRcyrmogulation (Fk andesultiplerassess modies, 2 guethvdefos,comay-on

circuit 290 se n | ated digital offset
correction si gﬁ% tlbgeﬁ%m%l‘gﬁo%\?g’} Sgﬁ?s}ﬁg(t&egg%w whi ch produces the
anal og | -chanmnel corafsmittings sgidainfdffation signal wsingadri IRM| esmniieichéibhe
of FIG 9B is indicative of the manner _in which the bit shifts carried

out within shisignabgueingroperatianinsaid FMmedm anghirapsmitting saist informagion
oop i s capany BERF geihe. AL ek ormifigafiof b EREY BRtAbh, n
constants. why eh ol LOve. (o TARCA. i L al conver genc af the of faet
correction. The r¥ac8IVing %ﬂ‘gﬁéﬁl allyg ! gslaé‘i%ﬁ (FommuBratign signal
e bandui di b "SI e R0 [APSr ST TEet P o e ot or R AL ST¥ on

node t han i ni0 nal and

receiving said multiple-access communication signal during opera-
12 tion in said multiple-access mode and extracting said information signal

~ from said received multiple-access communication signal.

11. The method of claim 10 wherein said step of transmitting
2 includes the steps of: _ _

converting a first sequence of binary data within said information sig-
4 nal into a sampled modulation waveform; and

providing said FM communication signal by modulating a carrier sig-

6 nal based at least in part on said sampled modulation waveform.

12. The method of claim 11 wherein said step of transmitting further

2 includes the steps of:
multiplexing a second sequence of data with sald sampled
4 modulation waveform to form an FM modulation waveform; and

modulating said carrier signal with said FM modulation waveform.

13. The: method of claim 10 wherein the step of digitally

2 demodulating includes converting said received FM communication signal

into a digitized input signal centered about a predefined frequency offset
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mnimze st ate oflf set BFra h dual - fod® ober’at i per/asdsAss:s
initial é’gﬁ%p&(’nce to be. obtained w th mninmal delay, yet simultaneously
enabl es optim zation of steady-state pegjormance. 35 Turning now to
FIG 10, there is shown a bl o_ckwgi.a ram, r eptresent a: ti_pgn f the I./0Q phase
gener at or 24_1&'.°n1'h7eer1’/ PiEE: Geiter BF SIENAL FRINRESYE 3 | © !qldgxtal .
Q channel bi Sa1dE0 B il Shirfple lof AR ARal AICIUBNG! first JHdNL&onkine

sign and magnitude of the |-ch and Q' chanhel baseband data. In a

preferred ifmparepiencemponentsdn| phgsemuadratndeQ channel baseband WO .

96/ 20540 . _ L PCT/ US95/ 16363
16 data is presented to the I-channel and Q channel binary conversion

circuits 296 angy29%hd Nekh6®t dfi RMiv f 98 Mwherein _thEOktRASELARG Gllya i N
an offset binary format, the conversion circuits 296 and 298 pertormthe
function sé& demodmlatingrABtiren includas| the stépa of MSB 5 of  the i nput baseband

data sammle, 15 2 LAGeRES ol kM EAlind et bbbt 3
4 digital sample of said input signal; - _
calculating a phase vector .of each digital sample by determining the
6 arctangent of each of said ratios; _
adjusting the octant in which each of said phase vectors lie by rotating '
8 each of said phase vectors to be within a predefined angular range; and
filtering said rotated phase vectors in order to provide a demodulated

10 frequency signal.

15. The method of claim 14 wherein the step of digitally
2 demodulating further includes the sfep- of subtracting, from an angular
value of each of said rotated phase vectors, an angular value of a preceding

4 one of said rotated phase vectors.

16. The method of claim 14 wherein said predefined angular range

2 extends from zero to n/4 radians.

17. The method of claim 10 further including the step of providing a
2 gain control signal by selectively integrating an error signal representative of

difference between power of said received FM signal and a reference signal.

18. The method of claim 10 wherein said 'multiple-access'

2 communication signal is in the form of a CDMA communication signal.

19. A method of digitally ~demodulating a received
2 frequency-modulated (FM) signal, said method comprising the steps of:
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significant bits (LSB's); of heryis " Hﬂl“ |ﬂlMIMH Hlﬁ;bt ai ned by
i ing the eight LSB's. TheHie CEH&E’?stn oduce sign
val ues | [err]wavdnédserr], rebpect iIREPLACE i ndi cat i ve of the S iRETEUS8H/1636%

I nverti

current | and Q channel baseba Sanples.
TABLE | Offset Binary - .Sign Binary 3Blbsolute Value Decimal Absolute
\Z/ELUE c355e15tm(§ Jsaﬂcﬂjr@cé%’é@ FM 51%ﬁ'al mtlallnl digilifed input s1gnal
1, 0000, obbo 4 centered abog'o@pr@dnjmed frequencv offset (jrcgn zq;o ffrequeney 1said 1nput
0000 0000 0
15 0. 0000, (%%'!Lal compn&né a p%f%ﬁt’lylﬁ%l}gtal samples, 028 g%&% sanwl%(%cﬁab%oo
1111, 1111 6 input signal- 28¢lubling Sfirst andReb&iondn@afgie NcdMmpbhéntslGn Phase
di gital conparator, 302 conpares the |11 and I QI values, and supplies
mn([err], [erer‘-)adﬁ ardax([err], [err]), respectivelyy, to digital divider
306 on si gnal | i nes aﬂ'}fg
control si gna cl/ (Sﬁﬁﬁ% §%Qno -5?8‘%%?5@%% r%ﬁ% Sgﬁﬁﬂ? &ﬁ%ﬁeﬁ;%{ IEQ&
one; ot herw se,digitaAl@ampleaif said igput.signal;
10 calculatmg a phase vector of each digital sample by determmmg the
arctangent of each of said ratios;
12 rotating each of said phase vectors to be within a predefined angular
range; and |
14 - filtering said rotated phase vectors in order to produce a demodulated

10

frequency signal.

20. The method of claim 19 wherein said step of converting includes

2 the steps of:

mixing said received FM signal with a local oscillator signal; and
frequency-modulating said local oscillator signal in order to vary mag-

nitude of said frequency offset of said predetermined baseband frequency

6 from zero frequency.

21. A digital receiver for receiving FM signal, said digital receiver

2 comprising:

means for converting a received FM signal into a digitized input

4 signal centered about a predefined frequency offset from zero frequency, said

input signal comprising a plurality of digital samples, each digital sample of

6 said input signal including first and second sample components in phase

quadrature;
means for célculating a ratio of the first- and second sample
components of each digital sample of said input signal;

means for calculating a phase vector of each digital- sample by

~ determining the arctangent of each of said ratios;
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20 The di vi der I saBEﬂ\b t I 'ﬂ ere the RATIO sig- -
nal is equivalent to ey err /erl ml ﬂ"lﬂma"w The RATI O

signal iS Rfeezesddl d ~-ROM t &bl &, and' sérvés FCTAURORMEIEK | Nt O
tabl e 316. Mor e par arly, the functi on THETA=ar ct an(RATIO is stored

within the tabl e 316. The index RATI Oxgnges fromO to 63 correspondi ng

(o the 25 gect el auge, gl Qhord AN AT SORULEN e PEE paes T

0 to 31 correspo I'ng € deC|na range

exenpl ary bewixhﬁtrarpraﬂeﬁmed ahgﬁlaﬁlﬁi‘l'gﬂ)\lanaﬂ\/l table 316 consists of the
set of Si xty- fog bgt p?as? esti mate set forth in TABLE I WO
96/ 20540 : 1g1tal ilter for filtering said rotated phase peetprssdn; erstessto .

'CI)'A_BLE I 0 ﬁﬂﬂﬁ@éﬁ demddidl gtegbﬂgé@ect&y Z#EHA Ad(ir st T?ETA Addr e;s 'I4'HETA
25 3 6 4 7 ¢ 4
22. The digital receiver of claim 21, wherein said means for
2 converting includes: '
a mixer - for mixing said received FM signal with a frequency
4 modulated local oscillator signal; and |
means for frequency-modulating a local oscillator signal in order to
6 produce said frequency modulated local oscillator signal, said frequency ‘
modulated local oscillator signal for varying a magnitude of said frequency

8 .offset of said predetermined frequency from zero frequency.

23. A method of digitally demodulating a received FM 51gnal said
2 method comprising the steps of:
converting said received FM signal into a digitized input signal
4 centered about a predefined frequency offset from zero frequency, said input
signél' comprising a plurality of digital samples, each digital sample of said
6 input signal including first and second sample components in phase
quadrature; |
8 calculating a ratio of the first and second sample components of each
digital éample of said input signal;
10 calculating a phase vector of each digital sample by determining the
arctangent of each of said ratios; '
12 - rotating each of said phase vectors to be within a predefined angular
range, and | _
14 filtering said rotated phase vectors in order to produce a demodulated

frequency signal.

24. The method of claim 23, further including the steps of:
2 mixing said received FM signal with a local oscillator signal; and
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17 10 11 __;__ PeT/US95/16363
13 wo 9628 23 14 25 15
26 15 27 16 28 1%3 29

%g . :23 (1) 36 1%equ%§iv-modu1§%§g said lo%glloscﬂlator %%nal in or%% to vary %gg-
22 40 4 rﬁﬁlde of sditl freguencyZ Bffset of sdidl predetefiined baset@ind frequérky
44 24 46 25 a7 26 48
26 *© 49 fromfg@ro frequeggy 27 .51 27 52 27
53 28 - 54 28 55 29 56 29 57
29 58 30 59 30 60 30 61 - 31
62 31 625. The dgital receiver ofsclafimi2idiwahed ingludidfg Bnl dytoomdtic

"principal value" phase information. = is stored vmth t he . ARCTAN .ROM t abl. e
316. That is, 2igiRFaptrol doop, Aisnos %‘5] to BeRsTafe A 3R ORLr Iﬁéﬁ’%ﬁm aytomatic

only incl udes VRN eSnfrbP B facludinght h of the polar plane, i.e., fromzero
to [err]/4. Accbrdi ngfy, drij]occt%nt% adj ust rent nodul e 320 operates to

produce an ou#put senemnscior Rfempratingl @ reeeised \pwerssignak basediory poweh of ISEFA
val ue retrieved fromthe table 316 to the proper octant. The

octant adj ust meHBItFEG BRYt F@Ai\lﬁé‘fif ormed based upon whether | > 0, Q > 0,

and upon whet ger [ elghuratihglifdegrator means for comparing said received power signal
to a reference signal and for generating an error signal in response to a result

8 of the comparison, said saturating integrator means including means for

providing said gain control signal by selectively integrating.sait'i error signal

10 based on values of said error and gain control signals.

- 26. The digital receiver of claim 25 further including a DC offset
2 correction loop, coupled to said means for converting said FM signal into a
digitized input signal, for suppressing’ DC feed through signals produced

4 during conversion of said received FM signal into said digitized input

signal.
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5° The | ogi cal operations perforned to cal.cul ate the PHASE val ues
list d in TABLE Il may be equival ently expressed as: PHASE

[ 7] =~ Wo 960880 PSE [ 6] =I +/ - XOR Qt/ - PHASE [ 5] pctiuss3/16583

| 4] - XOR o+ - V94 PHASE [4...0]=~Cl/Q XOR | +/- XOR Ot/ - XOR THETA
[4...0] where PHASE i ] i dentifies the iferr] bit of the unsigned 8-bit
phase value, with bit 0 correspondi ng 'E;? %he | east significant bit.
Turning nowto FIG 11, there is shown a Bk di agram of a preferred

i npl enent ati on of the phase to frequency generator 218. The generator 218
15 is disposed to convert the sequence of phase values P(n) generated by

thee I/ Q phase generator 214 into a nornalized sequence of frequency

val ues FN(n). Again, the differentiation function perfornmed by the shift
regi ster 330 and digital adder 332 within the phase to frequency
generator 218 may be mat he- matically represgl ed as F(n) = P(n) -

P(n-1). A range adjustnent nodule 20 334 is pr i ded for normalizing the
sanpl e sequence F(n) to a sequence of sanmpl es\JFN(n), such that -1 <
Flerr](n) < 1. In an exenplary enbodi nent this range adjustnent is

cal cul ated nodul o 2. For exanple, a nodulo 2 r e adjustnent of P(n) =
1.1 results in this quantity being rerrappedq or - mal i zed frequency
FN(n) = -0.9. The nodulo arithmetic renove mbi guity §n the phase
difference calculation arising from"phase-\ arou the unit
circle. The frequency sanples are then procef gﬁ t he di o deci mation
filter 102 and wi deband data recovery network 104 oth o
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whHi ch are described further bel ow. Referring to FIG 12A, there is
depicted the block diagramof a digital 30 AGC | oop operative to control
anplification vohef | nt ernedi ate frequency (I'F) signal generCX/espsasIshi n
the receiver 84. The digital AGC loop is seen to WO 96/ 20540

PCT/ US95/ 16363 include the RSSI network 220, the digital AGC network
222 and the DA converter 224. During AGC | oop operation, RSSI signals
ares produced by the RSSI network 220 %/ hhe basis of the Il and I Q

val ues generated within the 1/Q FM de (?Tul ator 96. As is indicated by
FIG 12A a dmﬂ baractor 5 340 within the AGC network 220 is

provi ded for AL thg reference | evel AGCREF fromthe RSSI signal
out put by the RSSI table 228.
(342) within the loop filtef,
converter 224. The| andl og
filtered by a 10 | owpass f}lt
utilized in adjustnent of the gain of an
recei ver |IF signal path.

re- sulting error signal is integrated
plied to the DA~

DY A converter 224 is

r 84, and is then

l[ifier 350 within the
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Arplifier 350 is capable of providing linear (dB) gain control over a high
dynam c range. Anplifier 350 may be of a design described in, for exanple,
U.S. Patent NeyoouaShd 204, entitled Linear Gain Control Anpli fRCIVYSISHF63L5

assigned to the Assignee of the present invention. In order that a
cl osed-1 oop AGC system be depicted in FIG 12A, a gen- eralized
representation is presented of the baseband processi ng perforned W thin

receiver 84. Mrre particularly, the |evel -/?Qnt rolled IF signal from AGC
anplifier 350 is translated to a basebancf’ requency within m xer 354. 20 As
not ed above, Fweﬁgy of the LO signal applied to the m xer 354 is
selected such ¢ nter | F frequency i s napped to a baseband
frequency offset fromzd¥o Hz. The baseband signals d Q produced by
m xer 354 are then filtered and di g#%\zed within eband LPF & A/D
network 358 prior to beijng sent tofthe\CDMA/ FM redei vér interface 92. 25
Turning to FIG 12B, a block diagramgeprgsentation §s previded of a :
preferred i npl ementation of| the RSSI net wor k 220

is operative to performthel function (10 | odql0(I[err]f + Q& r]). This

functi on may be alternately expregsed asyfoll ows, RSSI

=20l og10[ max( [eSAMI{ egpl] It _ _ _ _\10logl0f1+min( [err],
_ / f ,
L b Lot ] MalCHEsTRR LT T & ently " “obtained ffom

the I/ Q phase gen ér 214 i i dtle results
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35 were al so required to be determ ned during the phase denodul ati on

process. The cal cul ations of 201 0gl10[ max( [err],
[err] )] andyo 963¢8ly910[ 1+m n( [err], [err] )[err]/max( [errpecrrusesésss
[err])[err]] are perfornmed within first and second LOG function bl ocks
370 and 372, which may be inpl errent ed using, WD 96/ 20540
PCT/ US95/ 16363 for exanple, | ook- Zf t abl es, programmed | ogic
array (PLA s) or conventi onal Iogl c gaté 4 The RSSI si gnal is then
obt ai ned by conbining the outputs fromthe LOG function bl ocks 370 and
372 within a digital adder 374. FIG 13A depicts a preferred
i mplfement ation of the digital subtractor 5 340 and integrator 342 of the
digital AGC network 222. Referring to FIG 13A, t he AGCREF signal from
register 344 is provided to subtractor 340 al ong with the RSSI signal
from the RSSI network 220. [In an exenplary i nmpl ementati on the AGC_REF
parameter is a 5-bit constant which is |oaded into the register 344 by
the receiver control processor. Refer, trorkiGe—13A, 10 the 5-bit
predefi ned constant signal AGC-Ref fromthictgjb Rl processor is
provided, in conjunction with the 7-bjt RS s|'§’1a| fromthe RSSI network
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220, to the subtractor 340. The resulting nmagnitude difference (i.e.,

si gnal | evel error) between the estimated RSSI signal and the desired
signal |evel 05‘2? Ref) is scaled by the loop filter gain nepegtidesdésks
The | oop filtdy 5 is specified by a gain value G where G= 0.[err].
In an ‘exenpl ary enbodi ment, the fractional conponents (a[err]alerr])
conpr.ise 2-bit val ues, and t he arl t hmetgéél eft shift specified by the
paranmeter SHIFT is a 3-bit val ue. anple, for aferr]=1, aferr]=1

and SHI FT=3, the equivalent |oop galn is 0.11x2[err] (binary) or 3/32
(decimal). 20 In FIG 13A, the fractional scaling process is

i npt enented as full multiply and the shift process is perfornmed as an
arithnmetic left shift. Two predefi ned constant | oop gain signals,
respectively identified<as AGCAttack and AGCDecay, are provided to the
AGC network. AGC Attack 'd AGC Decay each consist’ of a 2-bit segnent
representing the gain 25 nponents al and a2, and a 3-bit segnent
representing the paramneter SH FT. The sign bit of the signal level error
signal determ nes the scalin t hereof by AGCAttack and AGC Decay. If
this sign bit is positive (i.e., logic "0"), the error is scaled by the
gain specified by AGC _Decay. Conversely, if the error is negative, the

error is scaled by the gain specified by AGCAttack. 30 For positive signal
| evel errors, the AGC | oop is operative to reduce the signal |evel by

reduci ng the AGC anplifier gn. In this instance the loop gain, and
hence the corresponding | o gi me constant, are defined by the val ue of
AGCDecay. Simlarly, in thexphesence of negative signal |evel errors the
AGC | oop is operative to in‘é‘lr@ase t he signal |leWwel by increasing 35 the AGC
anplifier gain. Under this aj@cumstance t he | gain and tine
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constants are defined by the value of AGCAttack. The sel ection of
the loop tine constants is perforned in accordance with the desired

bal ance to be %cglg}'zg%ﬁd bet ween the signal |evel tracking pCYOs0$16368540
PCT/ US95/ 1636% pability of the AGC | oop, and the extent to which the
baseband signal | evel is to remain constrained within the dynam c range

of the DACs of the AGC receiver. FIG 13B provides an indication of the
par anmet er val ues correspondi ng to an exe?(ﬁflary set of loop tine -
constants. 5 Turing again to FIG 13A, the scaled 8-bit signal

| evel error is provided to the 14-bit saturating integrator 342. In
addition, 6-bit predefined saturation upper and |ower saturation limts
(AGC _Max; AGC M n) of integrator 342 are provided to the AGC network by-
the receiver control processor. The integrator 342 is operative to force
the average signal error to 10 zero, which is equivafFent to mnimzing the
di fference between the average estimated signal |level (RSSI) and the
desired signal level (AGC Ref). The saturation linmts (AGCMax, AGC M n)
will typically be chosen to '
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correspond to the upper and lower |imts of the range of the AGC anplifier
control voltage. The seven nost significant bits (MSBs) are extracted from
15 t he. out put“;g 6i,29 grator 342.-and provided to the DAC 224 ( pic@nisesiessdi ch
again, operates to adjust the AGC anplifier gain. FIG 14A
illustratively represents the architecture of a preferred im

pl enentation of a frequency tracking | oop ingjhyded within the dual - nbde
receiver. Referring to FIG 14A, the frequency tracking loop filter 250 in-
20 cludes a digital subtractor 390, to which is provided the 8-bit FM
denodul ated frequency signal fromthe phase-to frequency generator 218.
Subtractor 390 is designed to subtract the frequency bias signal (FBIAS),
which in an exenplary inplenmentation is approximately equivalent to one
frequency LSB (i.e., to 156 Hz), fromthe 8-bit denodul ated frequency
signal. 25 The resulting difference signal is supplied to a shift register
392, and is bit-shifted in accordance with a frequency tracking | oop gain
const ant FGAIN. Conpiled within the table of FIG 14B are the tine
constants of the frequency tracking | oop associated with various gai n\g
constants F[err]. The si gn-extended output of the shift register,
392 is then sent to a 30 digital ﬁ_‘,accurml ator 394. In an exenplary w
i npl enentation the output from tthe shift register 392 is of 15-bit e
accuracy, and the accumul at or is 22 bits wi de. As is indicated by%
FIG 14A, the 8 MSB's output b he accunul at or 394 are provided to the
D/ A converter 251. I® is also er st ood .t hat during CDVA node operation
a CDVA frequency tracdki ng signalegmay be nmulti- 35 plexed to DA converter

251 in lieu of the outRut from a€cunul ator 394. B The frequency
track signal F[err] pr ced by A converter 251 |3§E
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used to adjust the frequency of a |local osci |l ator 396 included within an
RF portion of the receiver 84. The receiver 84 further includes a m xer

398 for I the frequency of the received RF signal pcrvusessesssse
t6 the app |.2‘8§9§&6£9 WO 96/ 20540
PCT/ US95/ 16363 frequency of the local oscillator 396. The resultlng | F
signal is then provided t o=an IF prczessdéﬁg portion 402, the output of
whi:ch i s sanpled by A/D con- er @6 supplied to the 1/ Q phase
generator 214. In this way th:e<fmee: ncy tracki nﬁ | oop of FIG 14A
facilitates cl osed-|oop di gl%i':'s g=of the 5 meceived RF carrier
freguency. Moreover, the di gEmur aEion of FI Gx=14A advantageously
enabl es the paraneter F[err] oﬂe-lprqgﬁarmed so as fo yield a _desired
| oop response. ). B. di o Pe tion Filter 1O} s, Ref grri ng now
to FIG 15, a blockglhagramis prokided of a preferré Qidpl engnt at i on of
the audi o deci mation ™™ ter 102. edemmatlonfllter 5 &&esto
convert the denodul ated frequency @rgrat—fromrtie—t7 "\’FJM%U S :
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dénodul ator 96 to a | ower data rate. In an exenplary enbodi nent the 8-bit
data at 40 kil osanpl es/second (ksps) produced by the |I/Q FM denodul ator is
15 converted gﬁ%s‘{?he filter 102 to 12-bit data at 20 ksps. pcrrusesnéssihe
fi'lter architec f FIG 15 relies on a set of cascaded SINC filters
(i.e. sinc(x) =([err]) to achieve hardware inplenentation efficiency. In
particular, the filter 102 includes an input 3-tap SINC filter 412 cascaded
Wi th a 2-tap SINClerr] filter 416. The 6gﬁﬁut fromthe SINClerr] filter
416 is sub-sanpled 20 by switch 418 at the exenplary rate of 20 ksps. The
filter 102 wll typically be designed to provide at |east 40 dB of

attenuation over the frequency range from1l6 to 20 kHz. This degree of
attenuation nay be effected by realizing the SINC filters in accordance
with the follow ng z-donmain transfer functions: 25 SINC Filter
Transfer Function 3-tap SINC (412) : (1 +z-1 +
z-2)/4 2-tap SINClerr] (416) (1 +2z-1)(1 +z-1)(1
+ z-1)/8 30 C. Wdeband Wave{orm Ti mi ng/ Dat a Recovery

Turning nowto FIG 16, there is illus{ratively represented the archi-

tecture of an exenplary inplenmentationjof the w deband data recovery net-

35 work 104. The w deband data re¢overy saetywrk 104 is disposed to perform
tinmng recovery and decodi ng opeh tiL%ns Wpon t he Manchest er - encoded
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data streamreceived by the dual -node receiver 16. The network 104

includes a receiver (RX) filter 430, which approximtes a matched filter
for t he Man ynbol stream |In addition, the RX filterpdposesi6ics
band-1imi'ts t(r;‘g‘g%’ﬁ’r“"sv\o 96/ 20540

PCT/ US95/ 16363 denodul ated FM signal and rejects any high-frequency

noi se produced by the phase to frequency generator 218. In an exenplary
inptenmentation the RXfilter 430 is dediZfned to enul ate the
characteristics of an anal og 4[err]-order Butterworth | ow pass filter
having a cut-off frequency of approximately 13 5 kHz. G ven that the
denbdul ated FM signal is generated by the 1/Q denodul ator at an
exenplary 40 ksps rate, the RX filter 430 may be realized as a 2-tap SINC
filter (zero at 20 ksps), having a z-domain transfer function of (1 +
z-1)/2. Referring again to FIG 16, an interpolation filter 432 is
provided for 10 increasing the sanple rate of the filtered signal produQEd
by the RX filter 430 so as to achieve a sanple resolution suitable fq;§
processing by timng recovery and Manchester decode networks 433 and 4,
The. i nterpol ati on | cj
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fi'lter 432 is shown in greater detail in FIG 17, and is seen to include a
zero order hold 436 for receiving the 40 ksps stream of sanples fromthe
RX filter 15 3@8 @ézowl tch 438 is provided for resanpling the pgibsysnedsst he
zero order gé at an exenplary rate of 320 ksps in order to provide
the requisite time resolution for timng recovery and detection of the 20
kbps Manchester  stream The resultant resanpled 320 ksps sanple streamis
filtered by an 8-tap SINC filter 440 hayi a transfer function of (1 +
z-1 + ... +2z-7)/8. The 20 resultant Iineéhﬂa i nt er pol at ed sequence y(n)
produced by the 8-tap SINC filter 440 in response to a sequence Xx(n)
generated by the RX filter 430 nay be represented as foll ows:

y(8n+k) = x(n), for k =0; and 25 y(8n+k) = y(8n+k-1) + (x(n) -
x(n-1))/8, for k=1,..,7 Turning now to FIG 18A, bl ock

di agrammati c representations are provi ded of the ti‘m ng recovery and
Manchest er decode networ ks 433 and 434. |In an exenpl ary enbodi nent the
Manchest er decode network 434 is realized using a 1lst order digital
phase-1 ocked | oop (DPLL), the timng.of 30 which is governed by
zero-crossi ngs 460 produced by the timng recovery network 433. As is
indicated by FIG 18A the.tim, B3 ncludes a data
thresholding circuit 464 for providing {threshtMEed dpta bits 470 at the
interpol ated rate of 320 ksps tjo SHHEF o crGONSTANTrfuit 472. The

t hreshol ded data bits 470 are g 5i gn of the input

sanpl e 35 sequence. Speci ficglly,geach .zqujﬁyoss ng 460 is produced
Wi t hin zero-crossing circuitl 4721 by XOR[ ergisng shdRAEKINGones of the
t hreshol ded dat a ” 3.9S
' 3 1.6S

6 200MS

7 100MS ACQUISITION

8 S50MS

9 25MS

FIG. 9B



bits 470. The DPLL of the Manchester decode network 434 is
designed to lock to the exenpl ary Manchester synbol rate of 20 ksps. The
decode net wor WO 96/ 20540

PCT/USQS/lGBG?Né%émFﬁ%Iudes a zero-crossing sanpl ed phase dete%?gysﬁggfs
which is operative to sanpl e the output of a phase accunul ator 484 upon
generation of each zero-crossing 460. |n3f24preferred enbodi nent the
phasie detector 480 pro- = duces a 3-bit errog signal extracted fromthe 3
nost significant bits (MSBs) of 5 the phase &cunulator, to which a 1/2

| east significant bit (LSB) offset is addeq in order to produce an
unbi‘ased 4-bit phase error estinmate. Each de- tected phase sanpl e

produced by the phase detector 480 i& hin a | oop gain
scaling register 490 in gccordance whtth a 1o p )
command fromthe receiver gontrol prdgessor. <IBe magni hg¢ 10
bit-shift carried out with scalingregistebZQO det grm nes eftine
const ant and, hence, the ndwi dt h{of theODRLL within neé k{434. The
time constants and | oop bandw dt hs asSocTaged Wt an ex afy set of
Llerr] val ues are set forth in FIG 18B. *
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As is indicated by FIG 18B, in a preferred enbodiment the L[err] val- 15
ues range from5 to 8, which corresponds to a | oop bandw dth range of be-
tween 80 Hz tg 10 I—% Again referring to FIG 18A, theTRit8§85363
accumul at or 4¥P 3620 4Bdat ed in i dentical phase increnments at an exenplary
rate of 320 kHz. I n an exenpl ary i npl enentati on each fixed phase
increnment is selected to be 1/8, which 20 y, lts in the accunul ator 484
ranping from-1 to +1 once every Manchester synbol of 16 clock cycles at
320 kHz. The phase accunul ator 484 w || gener- ally be inplenented to
wrap upon overflow from 1. In operation, the DPLL of FIG 18A wll
phase | ock such that the zero-crossings 460 of the input signal coincide
Wi th zero-crossings of the 1 25 output from phase accumul ator 484. Although
in principle this results in an average sanpl ed phase error of zero from
t he phase detector 480, various factors (e.g., quantized tine resolution
and signal noise) ensure continuous ‘&l oop operation by causing a non-zero
sanpl ed phase error. As a specific Bperational exanple, consider the
case where the 1 signal transitions frfdm 30 the phase accunul ator 484 are
"l eadi ng" the zero-crossings 460 of theyi nput signal. In this instance
the resultant positive error signal iquubtracted from the next 1/8 phase
i ncrenent provided to subtractor 498, thereby reducing t he phase | ead of

the output of accumul ator 484 rel athVe #o|the input zer o-crossi ngs 460.
35 Referring to FIG 18A, thd({ @}ered Manchester clock 502 may be
de- rived fromthe sign of the phéuzgegror accunul ated wi t hin accunul at or
484. During phase | ock, positive t &n€3tions of the recovered Manchester
cl ock ;gga o
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502 correspond to inter-synbol transitions of the recovered Manchester data
504 produced by latch 506. Modre particularly, the Manchester data 504 is

WD 96/ 20540 BeTssH 5636363
génerated by WAYAPIHY (506) the threshol ded data signal 470 on the falling
edge of the recovered Manchester clock signal 502. - FIG 19A
provides a partially schematic representation of an NRZ de- "~ coder 520

i nckuded within the wi deband data recoveryl-?{@f‘work 104. 5 Referring to
FIG 19A, the Manchester data 504 fromthe w deband data recovery network
104 is transferred through input shift registers 524 and 526, from whi ch
ar e* out put successive pairs of Manchester synbols on signal lines 528 and
530. Each pair of Manchester synbols is provided to mul ti pl exer 534 and
to a first XOR gate 536. The Manchester synbol 53Q.is 10 also provided to a
second XOR gate 542, and is further passed throughHi nput shift register
540. As is indicated by FIG 19A the output of reqgister 540 is al so

)

provi ded to the second XOR gate 542. In,a referred enbodi nent the
o™~
o™

NRZ decoder 520 includes a rando >
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wal k filter (RWF) 550 disposed to recover the NRZ data and cl ock phase in
15 response to the outputs of XOR gates 536 and 542. The NRZ decoder 520 is
al so provided mﬁtpg%pe NRZ bit clock 554, which is obtained bypdrassswsi he
récovered Manthes cl ock signal 502 through a divide-by-two circuit 556.
However, direct Manchester to NRZ data conversion may not be perforned
solely on the basis of the timng infornath®§4inherent within the NRZ bit
20 el ock 554, since there exists a 180 deg phase anbiguity between the
Manchester clock 502 and the NRZ bit clock 554. I n accordance with the in-
vention, this phase anbiguity is resolved in the RW 550 by relying on a
particul ar error-detection property inherent of the recovered Manchester
data 504. Nanely, it is characteristic of a Manchester data streamthat the
25 XOR of successive Manchester synbols is always unity. Referring
to FIG 19A, each successive pair of Manchester synbols 528 and 530
correspond to a pair of possible NRZ decoded data val ues. The RWF 550 is
operative to select one of these NRZ values via multiplexer 534 by
processi ng the recovered Manchester data to determine the nost likely NRZ
30 sanpl e phase. Specifically, NRZ logic 560w thin the RAW 550 accepts the
outputs from exclusive-OR gates 542 and 536, Zwhich are hereinafter respec-
tively referred to as phase validity indicatgrs Phase 1 (P1l) and Phase 2
(P2). The phase validity indicators Pl andaP2 are identified with the two
possi bl e NRZ data bits 530 and 528, respectively, provided to nultiplexer
534. On the 35 rising edge of the recovered INRZ cl ock 554, an accunul at or
562 within the RWF 550 is provided with aaN ncrenmenting val ue (I NC)
increnented from NRZ |ogic 560.
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In the preferred enbodi ment the increnenting value (INC) is either 0O or
1, and is produced by the NRZ | ogic 560 by analyzing the phase validity

WD 96/ 20540 PeErYs9916363363
i idi cators P1VOM2P40; 1 accordance with the Manchester error-detection
property nentioned above. It is noted that for any given three successive
Manchester synbols, Pl is derived by XORlerr]ing the first and second
synbol s, and P2 generated by XOR ing the second and third synbols. The
phase 5 validity indicators P1 and P2 ar&//28orrect” when set equal to one,
since this satisfies the Manchester error-detection constraint that the
XOR of successive synbols be ungggy Wien Pl is correct and P2 is

i ncorrect, the accunul ator 562 isjncremented. For the converse state
(i.e., P1=0 and P2=1) the accumul®or 562 is decremend®. If P1 and P2
are of the sane value, the 10 accunu
decrenented. FIG 19B | '

tor 562-i¥beith ncrenented nor
x'u]g tei § JE‘%
operation of the NRZ | ogle—560- S -R—adi—exe pl 1% | mpl ene%gt'll{gﬁ t he
accurul ator 562 is 6-bits w de, and hence saturatetatl-31 or +32. The
correct NRZ synbol is selected by Sign Bit '
7 | ‘
MULT — R |54 ala2
8 E
341 { Ulg
: ' X
SHIFT>> |3 |~ surFt
1
—- ADD
. MIN S AGC_Max
342 Y E
14} MAX G |afe AGC_Min
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FIG. 13A

al 22 SHIFT|CONST.
11 2 | 100ps
10 2 | 150us
11 3 | 200us
10 3 | 300us
11 4 400us
10 4 | 600us
11 5 | 800us
10 5 1.2ps
11 6 | l.6us
10 6 | 24us
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mil ti pl exer 534 based on the sign of the value stored wwthin the 15
accunmul ator 562. In particular, a positive accunul ated value results in the
Manchest er sy@&ks@gﬂﬁi gnal line 530 being provided to output pEUSHER636566,
whi | e mul tipl exer passes the Manchester synmbol on line 528 to register
566 in response to negative accunul ated val ue. : The NRZ decoder 520
i s advantageously designed to be self- 20 ﬁl}é 4hrorkj,,zi ng. That is, the
decoder 520 does not require initializatio %on <t he star¥ of system
operation. In addition, the worst case "wal k" to g@hieve  ®©he correct NRZ
phase is 32 for inplenmentations of the RAWF 550 whith i nclude a 6-bit
accumul at or. In a preferred inplenentatiorfthe serifal stream of NRZ
data from 25 output register 566 may include B vari g
encoded therein by the dual -node transnmttef i
t echni ques may be devised by those skilled iW

extracting such nmessage i nformation f
previ ous description of the preferred ¢nbodi nen
any person skilled in the art tor > th

& l e
i n\eer e
'various nodifications to these éffyodi nerttss i | | y_apg
those skilled in the art, and tid geﬂeri% piinci ples defined herei y He
applied to other enbodi nents vvith{utmtée.uuse of inventive faculty. |Tiws,
t he present invention i.s not intend ellimted to the enbodi 35
shown herein but is to be accordeq t de$t scope consi stent
princi pl es and novel features disdl osed fer ¢in. ~N
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W claim 1. A dual -node digital comunication systemfor
comuni cating an 2 information signal during operation in

frequency- ”Dd&'b%tsf?&ms FM and nul - tipl e-access nodes, said BCHUSAV16363
comuni cati on system conpri-sing: 4 a dual -node transmtter for
transmtting said information signal us- ing an FM communi cati on si gnal

during operation in said FM node, and 6 for transmtting said information
signal using a multiple-access . comuni c€§ }22” signal during operation in
said mul tiple-access node; and 8 ad e! -node receiver for receiving
said FM commruni cati on si gnal during operation in said FM node, and for
receiving said multiple-access 10 communi cati on signal during operation in
said nultiple-access node, said dual - node receiver including digital
denodul at or neans for recovering 12 said information signal fromsaid

recei ved FM signal during operation in said FM node and for recovering
said information signal fromsaid received 14 multipl e-access signal during
operation in said multiple-access node.

TIME
SHIFT CONSTANT
0 1.6S
1 0.8S TRACKING
2 0.4S
3 200MS
4 100MS :
5 50MS ACQUISITION
6 25MS
7 12.5MS

FIG. 14B



2 The systemof claim1l wherein said dual-node transmtter in- 2 cludes:
means for converting a first sequence of binary data within said infor- 4
mation signal into a sanpled nodul ati on waveform and r
for providi ng™2I6#¥h comunication signal by 6 npdul ating g%g?r%rg%ﬁedr%p
signal based at least in part on said sanpled nodul ati on wavef orm

3. The systemof claim2 wherein said transm tter further includes 2 neans
for.multiplexing a second sequence of dat a2Rfh said sanpl ed nodu- | ation
waveformto forman FM nodul ati on waveform said nodul ator 4 being
operative to nodulate said carrier signal with said FM nodul ati on

wavef orm 4. The systemof claim1l wherein said digital

denodul ator nmeans 2 includes an FM denodulator for converting said
received FM comunication signal into a digitized input signal centered
about a 4 predefined frequency offset fromzero frequency, said input

si gnal
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WO 96/ 20540 PCT/ US95/ 16363 conprising a
plurality of digital sanples, each digital sanple of said input 6 signal

including fi 'wb gﬁ&lﬁecond sanpl e conmponents i n phase quadr at RCENUS95/16363
5. The systen1o? cllaim 4 wherein said FM denodul ator further 2 includes:

means for calculating a ratio of the first and second sanple 4 conponents

of each digital sanple of said input si gna&‘ nmeans for cal cul ating
a phase vector of each digital sanple by 6 y&4erm ning the arctangent of

each of said ratios; - octant adjustnment means for rotating each of
sai d phase vectors to be 8 within a predefined angul ar range; and a
digital filter for providing a denodul ated frequency signal by 10 filtering
said rotated phase vectors. - 6. The systemof claim5 wherein said
digital filter includes a subtrac- : '
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2-tion circuit for subtracting, froman angul ar value of each of said
rotated- phase vectors, an angular value of a preceding one of said

rot at ed phase §n0 tors. - 7. The system of cl ai m5 pdessobmie3ssi d
predef i ned an&%f nge ex- 2 tends fromzero to [err]/4 radi ans.

8. The system of claim1l wherein said dual -node receiver includes an 2
FM node autonatic gain control apparatus ng?:/@i ve to provide a gain con-
trok signal- by selectively integrating an signal representative of
differ- 4 ence between power of said received FM signal and a reference
si gnal . 9. The system of claim1l wherein said dual - node
transmtter 2 includes a code-division nultiple-access (CDVA)

nodul ator/transmitter for produci ng said multiple-access conmuni cation
signal in the form of a 4 COMA comunication signal and for

transmtting said CDIVA comuni cation signal, and wherein said digital
denodul at or neans
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WO 96/ 20540 . PCT/ US95/ 16363 6 includes a CDVA
denodul ator for extracting said information signal from said CDVA
communi cat | onwa'gg}a recei ved by said dual - node receiver. . PCT/US95/16863 | n
a dual -node digital communicati on system operative in fre- 2
guency-nodul ation (FM and nul ti pl e-access nodes, a nethod for conmmu-
nicating an information signal conprising ?B&{lsteps of: 4 transmtting
sai:d informati on signal using an FM comunf’ 1 on signal during operation
in said FM node, and transmtting said information.$ si grlgl using a-

ot

mul ti pl e-access communi cation signal during operati®n in said _
mul £i pl e-access node; 8 iLving, and di gitalgy demddul ati ng, said FM
comuni cati on signal duri ng operatiypn i;q sai d FM@mode i order to recover
said information sig- 10jnal; and /~recei vi ng&sai dﬁulti pl e- access
comuni cation signal dur|ng opera ti in saidgultiffe-access node and
extracting said informat|on sigpal fromgaid recgved mil ti pl e-access
comuni cati on signal. 11. TheZRne¥hod gf aim ao wherein said
step of transmttdkng 2 ng udes the st W= o >
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cénverting a first sequence of binary data within said information sig- 4

nal into a sanpled nodul ati on waveform and providi-ng said FM
cqQnmmuni cat i onuy by nodul ating a carrier sig- 6 nal based pgirndse€feszed n
part on said san%?} nodul ati on wavef orm 12. The method of claim

11 wherein said step of transmitting further 2 includes the steps of:
mul tiplexing a second sequence of data with said sanpled 4 nodulation
waveformto forman FM nodul ation wavefpaysg and nodul ating said carrier

signal with said FM nodul aii on waveform - 13. The method of claim
10 wherein the step of digutally 2 deno QU| ating includes converting said
receéi ved FM communi cati on gi gnal Intg=a digitized i nput signal centered
about a predefined frequertay of f set g WO 96/ 20540 -
PCT/ US95/ 16363 & S N
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4*from zero frequency, said input signal conprising a plurali t%%@%

sanpl es, each digital sanple of said input signal including fi

sgcond 6 sanpl e conponents IPATENT COOQPERATION TREATY14. The nethod of
cl'aim 13 wherein the step of digitally 2 denodul ating further includes the

steps of: calculating a ratio ogth rst and second sanpl e
conponents of each 4 digital sanple of nput signal; -

calcul ating a phase v h, ¢li.gh }.al I e e
arctangent of each of %’&a‘?ﬁ@g‘ P&&M& R?Fgéﬁlﬁé P] MAY1 997 ch
each of said phase vectors lie by e sa d _phase vectg|;§ 0]
be -wi thin a predefined angul ar ran l%lak"ﬁﬁﬁ li1ﬁt}m%)l !\;ﬂﬂ:@&l d rp{gqit ed

phase vectors in order to provide a denodul ated 10 freq

15. The Agpﬁa.medngat,makmcelll wherein the stie 'r di, gl

dermodul ft 13#{: +her i ncl udepFORMEURTHER ARTION bt Buan ﬁgﬁm‘hﬁé@}, Enreio

val ue o sald rotated
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16. The method of clai m 14 wherein said predefi ned angul ar range 2 extends
fromzero to [err]/4 radi ans. 17. The method of claim10 further
including the step of providing a 2 gain control sig

i ntegrati ng‘hgltRﬁI’A&RfN&mlemﬁﬁﬁmmAﬁ@N%pORﬂl fference betwesen ¢ power of

sai d receive FNIS|gna and a reference signal PCT/U3H/163ph1e nethod of
cl ai m J—wherermsard ot pre-access 2 Conmumn catroir st gnat_ s 1 m tne rorm
of a COVA cBasinefitheaerotn si gnal . 19. A nmethod of digitally

denodul @Y Thireport ks beon'dR¥rEon HEBsis A Bubstids-Whdes Yich 7 b
conpri s ngwﬁehﬁwﬁﬂﬁﬁﬁq'e&&fmmMr@WWﬂﬂdwemmmermeMdommanMnm)

PCT/ US9B/ 1636 a cei ved. FM S|gnal into a
digitizled i npﬁa the mterxatwnaﬁgspﬂgauu Q%nﬁm&lg 1
E the description, pages (See Attached) | as originally filed. .

pages , filed with the demand.
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pages _______ , filed with the letter of
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Nos. , as amended under Article 19.
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4 “centered about a predef| ned frequency offset from zero frequency, said
I nput signal conprising a plurality of digital sanples, each digital
sanpl e of said 6 input signal including first and se

Inferfaopyl tegteetignio-second

Sanbl o compatan AL L naaf AP ATON Rl | 7

cal cul afT g pllaac vector—of—each—d ot o oaupl € uy ehet-er-r ny t+Hhe—
ar ct angeN. oLactaChmtyrofmwonat ios; 12 rotating each of sai d phase
vect or S| TO D Wt m—a predefTmed—angutar rarge—ard—t4 f+tertng

sai d rof &t dd resprmsecto e ddvitation | to restrickar piyoadilitial feed tie aghglioantidsat ed frequency

si gnal . 20. The method of claim19 wherein said step of

convert ng @cl"ﬁ’&é’?"f’eﬂf@“st eps of: m xi ng sai d recei ved FM si gnal
with a a[Ie—+|o§£1dl skgnal; and 4 frequency-nodul ati ng said | ocal
osci | | I n orcfer to vary nmag- nitude of said frequency offset
of sai(?[ %t eaidi atMditibnhlee hadadipsbtestquency 6 from zero frequency.

21. Adygit receiver for receiving FMsignal, said digital receiver 2
conpri sf ng: neither restricted nor paid additional fees.

2. D 'lhlsAuthontyfmmdﬂ:atd:e!eqmremmtofm:tyofmvenumBMoon:phedMﬂl&:ndchose,mordmgtoRﬂe&l
notbmwtelheapphcanttoxesmao:payaddmmalfees.

3. This Authority considers that the requirement of unity of invention in accordance with Rules 13.1, 13.2 and 13.3 is
[] complied with.
@ not complied with for the following reasons:

Please See Supplemental Sheet.

4. Consequently, the following parts of the international application were the subject of international preliminary examination
in establishing this report:

[] sitparts |
D the parts relating to claims Nos. _

Form PCT/IPEA/409 (Box 1IV) (January 1994)»



neans for converting a received FM signal into a digitized input 4 signal
centered about a predefined frequency offset fromzero frequency, said

input signal conprising a plurality of digital sanpl

of 6 said i ’1‘&5}@11 b i 6N safSieBRBHBRITER X n
phase quadrature mm%ke‘a%’s *mh{:al cu?gtl ng a atPCUUeﬁfSllm fi rst and
second gar re LUII]JUIISIILD UI' eaciT drgrtat—sanpte—of—Sard—Tnput gtTat
nmeans f 4 : ; a%'él:éé@b‘l"‘ %aémnqyr-l@n, inypntive sten or 'w}mtml applicability;

determ
an oct

bewthln a pre

ratios: WD 96/ 20540 12

dqﬁﬁ% circuit for rotatlng each of said phase vectors to
I ned angul ar range; and 14 a digital filter for

filterijng saiNbvélgti(R} ed phase vect or SCiafinsOridgd2 t o produce a denpdul at ed ygs

frequen

y signal. Claims NONE NO
Inventive Step (IS) - Claims NONE YES
Claims 1and2 NO
Industrial Applicability (IA) Claims 1and2 YES
Claims NONE NO

2. CITATIONS AND EXPLANATIONS

~

Claim 1 lacks an inventive step under PCT Axticle 33(3) as being obvious over Nakagawa et al. in view of Garcia or Fujiwara
and Vendely et al. or Cheah. Nakagawa et al., note Figure 1 and its corresponding discussion, discloses all of the claimed
subject matter except for the handling of the audio signal and the wideband data signal. Garcia, note, for example, Figure 1,
or Fujiwara, note, for example, Figure 2, teaches the generation of digital audio and data signals and the combining
(multiplexing) of these two signals, in an audio and data transmission system, for the purpose of generating a digital signal for
transmission. It would have been obvious to one of ordinary skill in the art at the time the invention was made to use such signal
handling/combining in order to attain efficient use of resources. This combination of resources still lacks one claimed feature:
the audio and data signals to be combined being modulated signal samples. This is, however, a well-known design choice, used,
for example, in the Vendely et al. or Cheah reference, cach of which teaches the use of direct digital synthesis, which takes
digital data or audio samples and converts them to digital FM modulation signal samples. Such techniques are well-known to
provide a high degree of modulation accuracy, as well as a compact design, for which reasons it would have been obvious to
one of ordinary skill in the art at the time the invention was made to use them.

Claim 2 lacks an inventive step under PCT Article 33(3) as being obvious over the prior art as applied in the immediately
preceding paragraph and further in view of Erlich or Wang. The previously-applied references teach all of the claimed subject
matter except for the use of audio interpolation and the use of a multiplier for scaling. The use of audio interpolation in digital
audio transmilters is well-known in the ant of audio processing, as found, for example, in Erlich or Wang, which interpolation
is used to bring an audio signal sampling rate up to a desired transmission sampling rate, for efficient use of resources and for
"fiting" the signal into the channel. It would have been obvious to one of ordinary skill in the art at the time the invention was
made to use such audio interpolation, for the same reasons. The use of scaling (also known as (Continued on Supplemental
Sheet.)
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25. The

digital receiver of claim 21, wherein said neans for 2

converting includes: a mxer for mxing said received FM signal
with a frequency 4 m)dul ated | ocal .oscillator signal;~ahd peans—for

1 cuency o GAPEREMIFAY PRl 7T 0 Toe, osi ¢

alaneoys Q n'F'Fcaf

| ocal ogTrtTator—si guou for—varyrng—a—raghttade—oet—satrd efueRe y

of ‘S_al d

pYldkd e Centain nhsd'thmqmetheynt&naimﬂedpﬂ:cﬁﬁ@quency ' 23. A net hod

recer ved FvsTgmat —sart—2—ethod—eonpr+stng

of digit aenogul arrng
the stef 3@}("""‘"’“ ‘gg@r%w f b flgims, é@@PWd‘“FWE'iﬂgfr?aPn thexquestion whethértthexiaihs are
0

i nput  si

frequen
each di
sanpl e

first afd second sarrp ‘e conponent s‘mé’fpro i I‘fw"d‘hg‘”?gfp

si gnal ;

2 cen¥ er‘é%‘ ot® redefi ned frequency offset from zero
y, Claiati1ds dbisgidto undeg PQ}Hbﬂe 6@31 Hs ;iyphmg clarxt llmmr BCT Micld beghiisg iht elhim BaAIEHniBSor the
i t Gflowing @”OF‘ of theseslines v besepreFnthd in reverse
ordor, 3 od d m°d°= ﬁ;p?] tegpdgnihetity Tt paragraph
eu

Slyeteiarsys
2of said i nput
10 cal cul ating a phase vector of each digital sanple by

det er mi fi ng the arctangent of each of said ratios; 12 rotating each

of said

phase vectors to be within a predefined angul ar range; and 14

filterimpg said rotated phase vectors in order to produce a denodul at ed

Form PCT/IPEA/409 (Box VHII) (January 1994)»




fr"equency si gnal . - 24. The nethod of claim 23, further including

the steps of: m xing said received FMsignal with a |ocal

oscillator signal; and WD 96/ 2 IééTCmtianal sepliosipn No
a a '

PCT/ US95/ 16 4R:RNATIONAL Pkﬁﬂlﬂw,ﬂi‘ﬁﬁxmﬁ%ﬁbk'ﬁpéﬂd | g scrrlatorsi gnal
in order to vary mag- 4 nitude of said frequency of f §etPCBUSSAL3

pr edet efmmed basebamd—fTrequency fronmrzero—freguency: 25 —The
di gital AR B claim 21 fﬂlrther.includin n._gutomatic 2 -gain control
en. the space in aiy of fhe preceding boxes 1s not-uificient) — cain

| oop di pposed—6—§ 3 2 =7 : FRa-—a S : ga
control | |Qmkhukedf bt R T -A1H means for generating a received power Spoweie-
si gnal pased on power of said digitized input signal; and

I. BASIS OF REPORT:

This report has been drawn on the basis of the description,
pages, 1-12 and 14-26, as originally filed.

pages, 13, filed with the demand.

and additional amendments:

NONE

This report has been drawn on the basis of the claims,
numbers, NONE, as originally filed.

numbers, NONE, as amended under Article 19.
numbers, 1-9, filed with the demand.

and additional amendments:

NONE

This report has been drawn on the basis of the drawings,
sheets, 1-24, as originally filed.

sheets, NONE,.\filed with the demand.

and additional amendments:

NONE

IV. LACK OF UNITY OF INVENTION:

3. This Authority considers that the requirement of unity of invention in accordance with Rules 13.1, 13.2, and
13.3 is not complied with for the following reasons: _

As applicant was previously notified this International Preliminary Examining Authority has found plural
inventions claimed in the International Application covered by the claims indicated below:

This application contains the following inventions or groups of inventions which are not so linked as to form a
single inventive concept under PCT Rule 13.1.

Group |, claim(s) 1-and 2, drawn to a dual-mode transmitter.

Group Ii, claim(s) 3, drawn to a wideband data generator.

Group lll, claim{s).4 and 5, drawn to dual-mode receiver.

Group 1V, claim(s) 6, drawn to a DC offset loop filter.

Group V, claim{s) 7, drawn to automatic gain control (AGC) apparatus.
Group VI, claim(s) 8, drawn to a frequency tracking loop filter.

Group VI, claim(s) 9‘, drawn to a wideband data recovery network.

1

and it considers that the International Application does not comply with the requirements of unity of invention
(Rules 13.1, 13.2 and 13.3) for the reasons indicated below:

" The inventions listed as Groups I-VIl do not relate to a single inventive concept under PCT Rule 13.1 because,
under PCT Rule 13.2, they lack the same or corresponding special technical features for the following reasons:
First, there are two classes of groups within this application, those drawn toward apparatus applicable at the
transmit side of a communication system and those drawn toward apparatus applicable at the receive side of a
communication system. The former class consists of Groups | and I, and the second class consists of Groups
-Vil. These two classes of groups correspond to completely independent inventions, with separate utility and
function (hence, containing different technical features, altogether). The invention of Group | lacks the special
technical features of the specific wideband data generator of Group Il in that Group Il gives a detailed structure,
while Group | may use any wideband data generator. Group Hll lacks the special technical features of Groups IV-
Vil for similar reasons: Groups IV-VIl contain detailed descriptions of various components useable in the
invention of Group Ill, but also having separate utility and containing far more detailed structures, while Group Il
may use any structures for the corresponding components. Groups IV-VHl lack each other’s special technical
features in that they are completely independent inventions and, thus, have completely different
structures/technical features. .
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6" saturating integrator nmeans for conparing said received power
si gnal to a reference signal and for generating an error signal in
response to a result 8 of the conparison, said saturgj '
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V. 2. REASONED STATEMENTS - CITATIONS AND EXPLANATIONS (Continued):

amplification or attenuation) is well-known in the art and is useful for many purposes, including boosting the
signal level to provide for higher-fidelity transmission or to reduce signal values to prevent overload of
subsequent signal processing apparatus. Furthermore, multiplication by a scaling factor is the best-known
means by which to carry out scaling. Therefore, it would have been obvious to one of ordinary skill in the art at
the time the invention was made to use a multiplier for scaling.

Claims 1 and 2 have industrial applicability under PCT Article 33(4) because the subject matter claimed can be
made or used in industry.

-memmmeeeeeeee—eeee NEW CITATIONS

US 4,878,035 A (VENDELY ET AL) 31 October 1989, see entire document.

US 5,010,685 A (GARCIA) 23 April 1991, see especially fig. 1.

US 5,111,163 A (ERLICH) 05 May 1992, see entire document.

US 5,151,923 A (FUJIWARA) 29 September 1992, see especially fig. 2.

US 5,289,464 A (WANG) 22 February 1994, see entire document.

US 5,289,496 A (INAKAGAWA ET AL) 22 February 1994, see especially fig. 1 and its corresponding discussion.
US 5,309,479 A (CHEAH) 03 May 1994, see entire document.
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96 is shown in FIG 7. The I and Q samples are respectively representative of
the real and imaginary parts of a complex vector representation of a
baseband equivalent of the received FM signal. In an exemplary
implementation, the baseband equivalent signal is translated to a baseband
5 frequency offset from the zero frequency (i.e., 0 Hz) by a predetermined
margin. As noted above, the analog receiver 84 i designed to map those
received signals which are offset from the RF center frequency by a
predefined frequency margin, e.g. 150 Hz, to the zero frequency. Such a DC
offset margin allows differentiation between an unmodulated FM signal,

10 i.e., a continuous wave (CW) signal, and DC offset errors introduced during
analog processing. In accordance with one aspect of the invention, DC offset
errors remain at the zero frequency, while the frequency-translated CW
signal is mapped to a non-zero baseband frequency equivalent to the pre-
defined frequency margin (e.g., 150 Hz). As is described below with reference

15 to, FIG. 8, I-channel and Q-channel DC offset correction. loop networks 210
and 212 are designed to remove this DC offset from the received signal path
prior to further processing by the I/Q demodulator 96. The DC offset correc-
tion loops 210 and 212 advantageously allow removal of DC offset errors
without destroying CW signal information.

20 The FM demodulator 96 further includes an 1/Q phase generator 214
designed to produce an estimate of the phase angle of the received FM
signal vector. The function performed by the I/Q phase generator 214 may
be expressed as:

P(n) = arctan{I(n)/Q(n)},

25 where P(n) denotes the phase angle associated with the sample of the FM
signal vector defined by I(n) and Q(n). An exemplary four-quadrant arc-
tangent calculation yielding an estimate of the phase angle P(n) is as follows:

(i) compute B=min(111,1Q1)/max(I11/1Ql),
(ii) determine an estimated phase value Pe(n) within the range 0 to

30 /4, where Pe(n) = TAN"L(B), and

iii) remap the phase estimate Pe(n) into the range -n to © based on the
relative magnitudes of |11 and 1Ql, and the signs of I and Q.
The foregoing identifies one technique for performing a four-quadrant arc-
tangent calculation, it being understood that alternate versions of this

35 algorithm could be employed by those skilled in the art.

The sequence of phase estimates from the I/Q phase generator 214 are
then converted to a frequency signal by a phase to frequency generator 218.
In an exemplary implementation, the input to the phase to frequency
generator 218 consists of an 8-bit normalized phase signal P(n), where 0 <

AMENDED SHEET
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(57) Abstract

. A dual-mode digital communication system for communicating an information signal during operation in frequency-modulated (FM)
and multiple-access modes . is disclosed herein. The digital communication system includes a dual-mode transmitter (14) for transmitting
the information signal using an FM communication signal during FM mode operation, and for transmitting the information signal using
a multiple-access communication signal during multiple-access mode operation. The communication system further includes a dual-mode
receiver (16) for receiving the FM communication signal during FM mode operation, and for receiving the multiple-access communication
signal during multiple-access mode operation. Incorporated within the dual-mode receiver (16) is a dxgltal demodulator (96) for recovering
the information signal from the received FM signal during operatmn in the FM mode, and for recovering the information signal from the
received multiple-access s:gnal during multiple-access mode operation.




