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Abstract—An all-digital demodulator/detector is presented which is
suitable for both analog FM and digital phase/frequency modulations.
The system uses comp pling, which employs a single A/D to sam-
ple the signal at an intermediate frequency (IF) and produce baseband
in-phase (/) and quadrature phase (Q) signals, and a simplified tech-
nique for reducing the effect of the //Q timing misalignment usually
associated with this approach. The system also includes two detectors
which operate simultaneously to provide noncoherent and differentially
coherent detection, as well as automatic gain control (AGC) and au-
tomatic frequency control (AFC). The flexibility afforded by the two
concurrent detectors in this all-digital system is shown to make it suit-
able for a wide range of applications. This paper describes the theory
behind the demodulator/detector system and presents an implementa-
tion using a 1.25 um bulk CMOS VLSI process. Methods are shown
for extending and improving the //Q sampling misalignment correc-
tion technique, as well as reducing the A/D sampling rate for a given
IF frequency. Simulation and experimental results are shown to illus-
trate system performance for both analog and digital modulations.

I. INTRODUCTION

ECURITY and increased system capacity require-
ments, as well as the evolution of data-intensive ap-
plications in land mobile radio systems, have motivated
the development of digital mobile radio systems. The de-
sire to implement the digital receivers required by these
new systems in a small, cost-effective manner has led to
the development of concepts and architectures which
maximize the use of VLSI technology. High-performance
receivers, such as will be required in the second-genera-
tion digital cellular radiotelephone system now being de-
veloped, require a double conversion architecture.
Whereas the double conversion architecture has here-
tofore limited the use of VLSI technology to premodula-
tion and postdetection processing such as speech encod-
ers/decoders, equalizers, channel coders, etc., one would
like the analog/digital interface to be at the antenna with
all receiver functions performed digitally. Initial efforts
in this direction have been previously reported [1].
The analog/digital interface can be moved closer to the
antenna by using digital complex sampling techniques to
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simultaneously sample an intermediate-frequency (IF)
signal and then frequency-translate that signal to base-
band [2]-[4]. Here, the IF signal is typically sampled at
approximately four times the IF carrier and the samples
are then sorted into the in-phase and quadrature-phase
baseband signal channels. Coherent signal processing
techniques may then be used to implement the required
processes.

This paper discusses a receiver implementation that has
been developed for detecting both analog FM and digital
modulation formats such as FSK, CPFSK, and DPSK [5].
The input signal is sampled at IF by a single A/D con-
verter and all the subsequent processing is performed dig-
itally. Two detectors, which operate concurrently, are
provided. These two detectors can be configured to pro-
vide frequency-to-voltage conversion, differentially co-
herent phase detection, envelope detection for automatic
gain control (AGC), and frequency detection for auto-
matic frequency control (AFC). A simplified technique
for mitigating the effects of quadrature sampling mis-
alignment is described. The detection subsystem has been
implemented using a 1.25 um CMOS process developed
at GE. The methodology used for the design is presented
and simulated demodulator performance is compared to
experimental data. Potential extensions to the current de-
sign are identified and discussed.

II. DiciTAL DEMODULATOR

A block diagram of the general receiver architecture is
shown in Fig. 1. An IF signal is fed into the demodulation
subsystem after it has been frequency-translated from RF
and bandlimited to reject adjacent channel interference.
Focusing on the demodulation process, several functions
can be defined: complex sampling and frequency trans-
lation to baseband, detection, postdetection processing,
and ancillary functions, such as AGC and AFC. This sec-
tion discusses each of these receiver functions.

A. Digital Complex Sampling

Digital complex sampling is a technique which uses IF
sampling to produce baseband I and Q signals. Fig. 2
shows the classical analog approach and the correspond-
ing digital approach. In the analog approach, Fig. 2(a),
the IF signal is mixed with quadrature sinusoids at ap-
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Fig. 1. Digital receiver block diagram.
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Fig. 2. Coherent IF to baseband processes: (a) analog and (b) digital.

proximately the IF center frequency wje. The outputs of
the mixers are then low-pass filtered to remove the dou-
ble-frequency terms and the resultant signals are sampled
and quantized to develop the desired / and Q sample
streams.

Fig. 2(b) shows a simple complex sampler. The IF sig-
nal is sampled at approximately four times the IF center
frequency 4w and the samples are sorted into the / and
Q data streams. Fig. 3 shows the quadrature sinusoids
used in Fig. 2(a) to frequency-translate the IF signal to
baseband. The digital complex sampler, in effect, samples
the input IF signal at times which correspond to peaks and
zero crossings of these sinusoids. At sampling instant 1
(¢t = 0), the input signal is multiplied by unity in the /
channel and zero in the Q channel. Therefore, the sample
is passed directly to the / channel. At sampling instant 2
(t = T/4), the input signal is multiplied by unity in the
Q channel and zero in the / channel, meaning that this
sample is passed directly to the Q channel. At sampling
instant 3 (¢ = T/2), the signal is multiplied by minus one
(inverted) and passed to the / channel while, at sampling
instant 4 (+ = 3T/4), the signal is inverted and passed to
the Q channel. This sequence is constantly repeating to
produce the continuous 7 and Q streams.

A frequency decimation by two is performed in each of
the I and Q streams by the removal of the zero-valued
samples. This process results in the removal of the dou-
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S5Ts/4
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Fig. 3. Quadrature mixing signals.

ble-frequency terms which were present in the analog im-
plementation of Fig. 2(a), since they now coincide with
the sampling images. Low-pass filters are, therefore, not
required. The price of this simplification, however, is that
the 7 and Q samples are obtained at different time instants.
This means that there is a time misalignment between the
I and Q samples which, ideally, should be taken at the
same instant in time.

The effect of the timing misalignment can be minimized
by having a large ratio between the IF frequency and the
signal bandwidth, so that the / and Q signals change
slowly between samples. A consequence of having a high
IF frequency, however, is that the A/D converter and dig-
ital circuits must operate faster. Therefore, increasing the
IF frequency to reduce the effects of the sequential sam-
pling has limited applicability. Other approaches, based
on digital filtering, have been developed for reducing the
misalignment at the expense of increased complexity [4].

A simple way to mitigate the effect of sequential sam-
pling is to use an interpolation circuit to estimate the de-
sired I or Q sample. The sequence of samples after the
necessary inversions is

I, O b, Oy, b, Q3 -0 -

If 1, is paired with Q,, the aforementioned misalignment
will result. However, if /, and [, are averaged, an estimate
of the I signal at the time instant that Q,; is taken will be
obtained. Similarly, @ and Q, can be used to produce an
estimate of the Q signal at the instant /, is obtained. This
simple two-point interpolation has proven quite effective
at reducing the effect of the time misalignment when cou-
pled with a large IF frequency-to-signal bandwidth ratio,
i.e., a high degree of oversampling.

The digital demodulator incorporates the interpolator
discussed above, along with a second averaging-type cir-
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cuit to remove its sensitivity to dc components in the input
signal or introduced by the A/D. Recall that the digital
complex sampling process involves the inversion of some
samples before they are placed in either the / or Q sample
streams. For this process to be performed properly, the
input signal must not have any dc bias. Before the inver-
sions are performed, the sample stream is
L, Q=L = Q0 b, @5 =1y, =04, .

If the signal contains a dc bias, a constant will be added
to each of these samples. Once the inversions are per-
formed, the dc bias on the inverted samples will be the
negative of the original dc bias. Consequently, the / sam-
ple produced by inverting an —/ sample will have the in-
verted dc bias. The bias can be cancelled, then, by simply
averaging an [/ sample that is obtained without an inver-
sion and one that is obtained using an inversion. The same
process is used for the Q samples. Naturally, this process
assumes that there is sufficient oversampling to prevent
the averaging process from distorting the signal.

Fig. 4 is a block diagram of the complex sampler, which
incorporates both the misalignment reduction interpolator
and the dc bias removal averager. Although the misalign-
ment interpolator can be implemented on both the I and
Q streams, it is sufficient to implement it in only one of
the streams, as is the case in Fig. 4.

The above discussion provides a heuristic argument for
the use of interpolation to mitigate the effects of 7/ Q mis-
alignment. The same structure can be derived by consid-
ering the generation of an analytic signal using the dis-
crete Hilbert transform (DHT). This approach provides a
mathematical basis for the structure used in the digital de-
modulator and, additionally, indicates how the system can
be extended and improved. An analytic signal is a com-
plex function of a real variable whose real and imaginary
parts are Hilbert transform (HT) pairs. Since the analytic
signal is limited to positive frequencies, its use facilitates
the processing of bandpass signals. Furthermore, since a
real signal may be represented as the real part of the com-
plex envelope of an analytic signal, means to implement
an HT are of interest for the demodulation of bandpass
signals. In practice, the HT is usually realized with an
approximation to the DHT.

The generation of an analytic signal using a DHT may
be accomplished in the manner outlined in Fig. 5. The
bandpass signal [Fig. 5(a)] is sampled at a rate which sat-
isfies the sampling theorem, thereby yielding the spec-
trum shown in Fig. 5(b). Passing this signal through the
DHT filter network [Fig. 5(c)] will (ideally) yield the
sampled analytic signal spectrum shown in Fig. 5(e). The
network may be designed by first selecting the sampling
rate, such that the negative sidebands of the sampled sig-
nal fall at —j on the z plane and the desired positive fre-
quency sidebands fall at +;. The filter is then synthesized
so as to yield an Nth-order zero at —j. An Nth-order pole
must be located at z = O for realizability. Fig. 5(d) illus-
trates this pole-zero configuration. Assume, for example,
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Fig. 4. Complex sampler block diagram.
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Fig. 5. Generation of analytic signals: (a) bandpass signal spectrum; (b)
sampled bandpass signal spectrum; (¢) DHT network; (d) z-plane pole-
zero diagram; and (e) sampled analytic signal.

that N = 2. The desired z-plane transfer function is

H(e) = B4 (1)
2z
or
H(z) = —z72+j2z7" + 1. (2)

The realization of this network is shown in Fig. 6(a). A
third-order network, that is obtained through the same
process, is shown in Fig. 6(b). The third-order network
has a wider bandwidth than the second-order network,
meaning that improved //Q misalignment correction can
be obtained with less oversampling.

The required IF sampling process may, therefore, be
implemented with a DHT by using the DHT network to
remove the negative frequency components of the sam-
pled signal and translating the resulting analytic signal to
zero frequency. This process is depicted in Fig. 7. Be-
cause the filter network used to approximate the DHT is
a linear network, the filtering and frequency translation
processes may be interchanged as long as the appropriate
sign changes are made in the filter network (see Fig. 8).

Embedding the network shown in Fig. 6 into the digital
demodulator architecture, shown in Fig. 8, yields the re-
sult shown in Fig. 9(a); a first-order zero has been added
at dc to remove dc offsets in the manner previously de-
scribed. This system is functionally the same as the inter-
polator system described earlier. Fig. 9(b) shows a third-
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Fig. 6. Discrete Hilbert transform networks: (a) second-order and (b) third-
order.
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Fig. 8. Transposed DHT digital sampler functional block diagram.

order digital demodulator which will have a wider signal
bandwidth than does the second-order demodulator [Fig.
9(a)]. It should be recognized that the DHT network can
be replaced by a higher order network, or by a stagger-
tuned network, if more signal bandwidth is required. The
DHT network may also be combined with a low-pass filter
FIR structure in the manner described by Parks, Mc-
Clellan, and Rabiner [9].

B. Subharmonic Sampling

The A/D converter sampling rate limits the IF fre-
quency that may be used with the digital demodulator de-
scribed above. Receiver cost will also increase if the
selected IF frequency requires a state-of-the-art A/D con-
verter. A method that permits the relationship between the
sampling rate and the IF frequency to be varied from the
fixed 4 : 1 ratio required by the quadrature sampling pro-
cess would be advantageous if it permitted higher IF fre-
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T

Fig. 9. Complex digital sampler comparison: (a) second-order DHT and
(b) third-order DHT.

quencies to be used with slower A/D converters. This sec-
tion focuses on the use of subharmonic sampling, which
allows use of sampling rates that are less than 4w with
the current demodulator implementation.

The sampling theorem that is used to select the A/D
sampling rate is commonly stated as

F, = 2Fy

(3)
where F; is the sampling rate and Fy is the highest fre-

quency of interest in the signal to be sampled. For a band-

pass signal, this may be generalized to
2F; 2Fy
— = = — 4

K F (K+1) (4)

where F; is the lowest frequency of interest in the signal
to be sampled and K is a nonnegative integer in the range
of 0 to N. N, the number of permissible sampling fre-
quency bands, can be calculated from

Fu
N'[W,

(5)

where | x | is the floor function (i.e., the largest integer
less than or equal to x) and

W=Fy — F. (6)

For example, if Fy = 4.1 MHz and F;, = 3.9 MHz, N =
21. In other words, there are 21 different ranges of sam-
pling frequency that can be used without spectral aliasing.

The quadrature sampling process described earlier used
a sampling frequency that is 4Fjz, which corresponds to
K = 0. Since F, = 4F}, the time between samples is 7/4
where T = IF signal period. In other words, the signal is
sampled every 90° of the IF carrier frequency. It can be
shown that the desired digital complex sampling process
may be achieved with the sampling period generalized
from 1 /4Fgto (2n — 1)/4Fg, n=1,2,3, -+, N.
As a result, the sampling rate may be reduced for a given
IF frequency or, conversely, the IF frequency increased
for a given sampling rate.
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C. Digital Detection Architecture

The demodulator structure was designed for applica-
tions involving several modulation schemes and requiring
different detectors with multiple data rates. Data-rate flex-
ibility is inherent in the scaling afforded by changing the
clock rate. The detection requirements are met by includ-
ing two detectors, which can be used to provide both non-
coherent and differentially coherent detection of phase/
frequency modulated signals. Although the two detectors
can be implemented by reconfiguring one set of system
functions, it is advantageous to operate both detectors
concurrently. This aspect of the demodulator is discussed
in a later section.

Fig. 10 shows the block diagrams of the detectors used
in the demodulator. One of the detectors multiplies an un-
delayed [ sample, /(kT), by a delayed Q sample, Q[ (k
— n;) T], and an undelayed Q sample, Q(kT), by a de-
layed I sample, I[(k — n;)T], where n, is the delay in
samples and T is the sampling period. The output of the
detector is the difference between these two products, i.e.,

51 (kT) = QAT [(k ~ n))T] ~ I(kT)Q[(k — n,)T].
(7)

The second detector multiplies an / sample by a delayed
I sample and a Q sample by a delayed Q sample. The
output is the sum of the two products

5:(kT) = I(kT)I[(k = ny)T] + Q(AT)Q[(k — n,)T]
(8)

where n, is the delay in samples.

Consider an input signal that consists of a generalized
phase-modulated waveform

(9)

where T is the sampling period, A(kT) is the sampled
envelope, wi is the IF frequency, and ®(kT') is the in-
formation-bearing phase. Assume, for now, that A(kT)
is constant and equal to unity. The baseband / and Q sig-
nals are

r(kT) = A(KT) cos [wgkT + @ (kT)]

I(kT) = cos [wpkT + ®(kT)] and (10)

Q(KT) = sin [w kT + ®(KT)], (11)

respectively, where w, is the difference between the local
oscillator frequency (typically one quarter the sampling
rate) and the IF frequency. The output of the first detector
for these input signals is

51 (kT) = sin [oam, T + ®(KT) — &((k — n,)T)]
(12)

while, for the same inputs, the output of the second de-
tector is

52(kT) = cos [wam T + ®(kT) — &((k — ny)T)].
(13)
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Fig. 10. Detector block diagrams: (a) sine detector and (b) cosine detec-
tor.

For obvious reasons, the first detector is called a sine de-
tector while the second is called a cosine detector.

The argument of both the sine and cosine function, rep-
resented by (12), (13), consists of a term determined by
the product of the frequency offset and the time delay, as
well as a term which equals the difference in the phase of
the delayed and undelayed signals ®(k7) — ®[(k —
n;)T], i = 1, 2. The term dependent on the frequency
offset usually can be considered a constant, since it is de-
termined by local oscillator offset. The second term, how-
ever, provides information about the phase changes in the
input signal.

For the case where the input signal is a frequency-mod-
ulated carrier

kT
SUT) =20 | _x()dv. (1)
where f, is the frequency deviation constant and x(vy) is
the modulating signal. For n; T small, the derivative of
® (kT) can be approximated by

d/dt [2(kT)] = {@(KT) - &[(k — n)T]}/mT
(15)

which is 1/n; T times the phase-dependent term in both
the sine or cosine detector outputs. From (14)

d/dr |®(kT)] = 2afyx(kT).
From (15) and (16)
x(kT) = d/dt [®(kT)]/2xf;
{@(kT) — @[(k — n)T]} [2nfm, T. (17)

(16)

I

I

Therefore,
®(kT) — ®[(k — n))T] = Qufyn, T)x(kT). (18)

Since sin © = O for small O, the output of the sine de-
tector will be an amplitude-scaled version of the modu-
lating waveform when ®(kT) — @®[(k — n;)T] and
wan, T are small. The simulated performance of the de-
modulator for FM tone modulation is described in Section
111,
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The sine detector is also useful for digital frequency
modulations like frequency shift keying (FSK) and con-
tinuous-phase frequency shift keying (CPFSK) [5]. In-
cluded in this class of modulations are minimum shift
keying (MSK) and Gaussian-shaped minimum shift key-
ing (GMSK). The use of the sine detector with a delay
duration that is less than one data bit duration provides
noncoherent detection of these modulations. The action
of the detector is to perform a frequency-to-voltage con-
version.

In addition, both the sine and cosine detectors perform
the necessary phase comparison to function as a differ-
entially coherent detector, since they each contain a phase
difference term. Here, a delay equal to an integer number
of data bits is used in the detector. The choice of the sine
or cosine configuration is dependent on the phase differ-
ences that are expected. The sine detector arrangement
should be used if phase differences of 90° will occur, since
the cosine detector will have a zero output for these dif-
ferences. Similarly, the cosine detector provides nonzero
output for phase differences of 0 and 180°.

As an example, the sine configuration should be used
for differential detection of GMSK (with 4 = 0.5) with
a 1 bit duration delay, while the cosine detector should be
used for the same modulation with a 2 bit duration delay.
In the first case, phase changes of 90° are expected while,
in the second case, phase changes of 0 and 180° are ex-
pected.

D. Linearizer

The sine detector discussed above has a sinusoidal-
shaped frequency-to-voltage conversion characteristic.
For analog FM detection, the effect of the nonlinear char-
acteristic is to introduce harmonic distortion into the de-
tector output. Therefore, if the detector is to be used for
analog FM in an application requiring low distortion, it is
necessary to linearize the frequency-to-voltage character-
istic.

The linearization process involves mapping the output
voltage using an inverse sine function. Fig. 11 illustrates
the frequency-to-voltage conversion characteristic of the
sine detector and the desired linearized characteristic. The
process of linearization can be accomplished by using
either a read-only memory (ROM) or a polynomial ap-
proximation of the inverse sine function. In either case,
the amplitude of the input IF signal must be known for
the linearizer to operate properly, since the inverse sine
operation requires an accurate mapping between output
voltages and the peaks of the frequency-to-voltage char-
acteristic. These voltages are determined by the input IF
signal amplitude and are independent of the delay used in
the detector.

E. Automatic Gain Control and Automatic Frequency
Control

Generally, the IF signal in an FM receiver will come
from a bandpass limiter, which ideally provides a con-
stant amplitude signal. However, the actual output am-
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(b)

Fig. 11. Ideal discriminator curves: (a) before linearization and (b) after
linearization.

plitude from the bandpass limiter can vary with tempera-
ture and RF signal level. Although these variations may
be relatively small, they can seriously degrade linearizer
performance. As a result, it is necessary to incorporate
some type of AGC circuit into the receiver. To provide
AGC, the amplitude of the input signal must be constantly
measured and any changes corrected. For constant enve-
lope-type modulations, such as FM, the amplitude A (k7')
is a constant, i.e.,

A(KT) = VI(kT)’ + Q(KT)’ = constant. (19)

When the cosine detector is used with a delay of zero,
i.e., np equals zero, the output is simply the sum of the
squares of /(kT) and Q(kT). Since the sine and cosine
detectors are implemented in parallel, the cosine detector
can be used for sensing amplitude while the sine detector
is being used to demodulate the analog FM or detect the
digital information.

This amplitude information can be used in a number of
different ways to provide AGC. If fast amplitude varia-
tions were expected, it would most likely be necessary to
use the information in a feedforward manner. However,
since only slow variations are expected when a limiter is
used, a feedback configuration should suffice. In the cur-
rent configuration, the demodulator outputs a signal in-
dicating that the input amplitude is either too low or too
high. This information can be fed back to an AGC am-
plifier placed in front of the A/D converter. Fig. 22 (Sec-
tion IV) shows the demodulator chip configured for AGC
operation. Although the AGC function could be per-
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formed using only digital processing by making the am-
plitude correction after the A/D conversion, performing
the correction before the A/D converter has the advantage
of matching the analog signal amplitude to the A/D con-
verter.

Differentially coherent detectors display sensitivity to
carrier frequency offsets, since these offsets affect the
phase differences that are being measured. For some mod-
ulation schemes, even small frequency offsets can pro-
duce a severe reduction in detection performance. In these
cases, it is necessary to provide some type of AFC circuit
to minimize carrier frequency offsets.

Recall that the sine detector output contains a term that
is determined by the product of the difference between the
IF and local oscillator frequencies and the delay duration
(12). Consequently, the sine detector output will be cen-
tered on a dc signal level that is determined by the fre-
quency offset. If the frequency offset is removed, this dc
signal will disappear. However, the detector output will
also contain information due to the phase changes in the
modulated signal, making it necessary to process the de-
tector output in order to extract the desired information.

If the data-dependent portion of the sine detector output
has zero dc value, a simple low-pass filter will provide
the desired AFC control signal. Binary modulation with
equally likely 1’s and 0’s would meet this requirement.
More generally, however, it is necessary to obtain the me-
dian value of the detector output to avoid data depen-
dence. The median can be found using two peak detectors
and a subtractor, as illustrated in Fig. 12. The peak de-
tectors determine the maximum and minimum output lev-
els with the desired median value being midway between
these values. The output of the frequency offset detector
is low-pass filtered and fed back to a voltage-controlled
oscillator in the IF or RF sections. Details of the AFC
circuit operation can be found in [10].

Since the sine and cosine detectors operate concur-
rently, the cosine detector can be used for differentially
coherent detection while the sine detector is used as part
of the AFC circuitry. Similarly, the cosine detector can
function as part of the AGC circuit when the sine detector
is being used for high-fidelity analog FM.

III. SIMULATION RESULTS

Computer simulation of the demodulator was per-
formed prior to chip fabrication in order to allow the iden-
tification and correction of any design problems. The sim-
ulation generated the output spectrum for the sine detector
when the input is a tone-modulated FM carrier. This type
of input signal was used because it produces an output
spectrum which clearly indicates the presence of detector
problems. The output spectrum was produced using three
methods: inserting signal parameters into the equations
for the detector output, performing floating-point and in-
teger simulations of the detectors, and, finally, using the
computer model of the designed chip. This last simulation
is possible because the chip was designed using the Gen-
eral Electric nibble-serial silicon compiler [11], which
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Fig. 12. AFC configuration.
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Fig. 13. Theoretical sine detector output spectrum.

permits the designer to develop, as well as simulate, a
pipelined DSP architecture.
The FM signal has a modulating tone of the form

x(kT) = cos (w,kT) (20)

where w,, is the angular frequency of the tone. Fig. 13
shows a plot of the power spectrum of s, (kT) (12) with
x(kT) as defined above. This plot only shows the spec-
trum resulting from the expression for s, (¥7T') and not of
the output of the demodulator architecture. Fig. 13 was
used as a baseline for comparison to the spectral plots of
the output of the demodulator. All simulations employing
tones used the following values for the parameters:

fi=75kHz, n, =8, T=I125ns,
fn =37kHz, and f, = 2 kHz.

Both even and odd harmonics are present in s, (kT ), as
illustrated in Fig. 13. The presence of the even harmonics
is due to the 2 kHz offset between the signal intermediate
frequency and the local oscillator (sampler). If no fre-
quency offset was present, only the odd harmonics would
exist. This can be seen by expanding s, (kT') into a Taylor
series for both cases. Note also that the magnitude of both
even and odd harmonics decreases with increasing fre-
quency. Recall that the harmonics are due to the sinusoi-
dal frequency-to-voltage characteristic of the sine detec-
tor and can be removed by a linearizer.

Next, the sine detector architecture was simulated using
floating-point arithmetic; the resulting output spectrum is
shown in Fig. 14. Note that only the second and third
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Fig. 14. Sine detector output spectrum from floating-point simulation.
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Fig. 15. Sine detector output spectrum from chip simulation.

harmonics are clearly visible and that their magnitudes,
with respect to the fundamental, agree with the relative
magnitudes shown in Fig. 13. The remaining harmonics
have been lost in the noise floor associated with the output
of this architecture. In comparing Figs. 13 and 14, any
harmonic 80 dB or so below the fundamental will be lost
in the noise and, therefore, only the second and third har-
monics are visible.

Fig. 15 shows the spectrum of the output of the sine
detector when the simulation was done using the chip sim-
ulator contained within the compiler. The assumed pa-
rameters are the same as those referred to above. Note
that the harmonics have the same relative magnitudes as
in the two previous cases, but now an unexpected effect
has appeared: there are two sidebands surrounding each
harmonic. Fig. 16 is an expanded view of Fig. 15, in
which it can be seen that the sidebands are separated from
their respective harmonics by +8 kHz. These spurious
sidebands are most likely due to the combination of the
frequency offset between the nominal intermediate fre-
quency and the local oscillator (sampling rate), and the
noise introduced by the 10 bit quantization. There would
be a pair of sidebands around the fundamental if it were
not for the operation of the I/ time alignment interpo-
lator, whose purpose it is to remove these sidebands.

1507

220

200

Power Spectral Density, dB
5

Frequency, Hz x104
Fig. 16. Expanded view of the spectrum of Fig. 15.
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Fig. 17. Sine detector output spectrum using 10 bit quantization.

To test the hypothesis that A/D quantization contrib-
uted to these undesired spectral components, an integer
simulation was done for 10 bit and 6 bit quantization. Fig.
17 is the power spectrum of the output for 10 bit quanti-
zation, while Fig. 18 is for 6 bit quantization. Note the
prominence of the sidebands as they dominate the two re-
maining harmonics. Clearly, as the coarseness of quanti-
zation of the intermediate frequency signal increases, the
relative magnitudes of the sidebands increases. Thus, one
would expect that, as quantization becomes finer, the
sidebands would decrease. This is the case for the spec-
trum of the output of the floating-point simulation, which
has little associated quantization noise.

The effect of the increase in the level of the sidebands
can be explained qualitatively from the work of Park [6]
for an analog architecture similar to that of the digital de-
modulator chip. His analysis showed that, for ideal de-
tection, the output noise spectrum will have a shape that
peaks in a manner similar to the sideband envelope ob-
served in Figs. 15, 17, and 18.

As a final test, the chip simulator was used to determine
the sine detector performance for Gaussian minimum shift
keying (GMSK) [7] modulation. The detector was config-
ured for 1 bit differential detection in an additive white-
Gaussian noise channel and the results were compared to
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Fig. 18. Sine detector output spectrum using 6 bit quantization.
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Fig. 19. Bit error rate performance for GMSK on an AWGN channel. (a)
sine detector with a 1 bit delay and (b) Simon and Wang result.

the published results of Simon and Wang [8] for a similar
normalized received bandwidth B, T. Fig. 19 shows a plot
of probability of bit error versus E, /N, for the simulation.
For this simulation, B, T = 1.25. A plot of the curve for
B. T = 1.1 from [8] is shown for comparison. In both
cases, the normalized transmit bandwidth is B,T = 0.5.
As can be seen, the results for the sine detector are in
good agreement with the results of Simon and Wang.

IV. INTEGRATED CIRCUIT IMPLEMENTATION

The direct digital demodulator IC, version 1 (DDM1)
is a programmable digital demodulator containing the sine
detector, AGC control (envelope detector), and an exter-
nally controllable integrate-and-dump circuit for sample
rate decimation prior to signal output. The external con-
trol is provided to allow synchronization with a bit timing
recovery (BTR) circuit for decision timing. A block dia-
gram of DDM1 is shown in Fig. 20.

The DDM1 integrated circuit accepts input words of up
to 10 bits at a word rate of up to 16 MHz. Fig. 20 shows
two demodulator sections fed by a common sorting and
offset correction circuit. Demodulator parameters, such as
the sine detector delay, AGC setpoint, integrate-and-dump
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Fig. 20. DDM1 block diagram.

Fig. 21. Microphotograph of the DDMI chip.

durations, and various scaling factors, are set using a se-
rial programming chain.

A microphotograph of the chip is shown in Fig. 21. The
pipeline architecture used by the nibble-serial compiler is
evident. Fig. 22 shows the DDMI interfaced to currently
required off-chip components.

A. Experimental Measurements

The performance of the demodulator architecture was
tested experimentally using a breadboard implementation.
This breadboard incorporated the complex sampler and
sine detector circuits. All processing was performed using
8 bit quantization. The performance of the averaging cir-
cuits in the complex sampler and the subharmonic sam-
pling process were of particular interest.

Fig. 23 is a set of discriminator (i.e., frequency-to-
voltage conversion) curves for the sine detector. For these
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Fig. 22. Typical DDMI1 application including AGC circuit.
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Fig. 23. Discriminator curves for digital demodulator breadboard.

curves, the sampling rate is 16 MHz and the IF frequency
is 4 MHz. The parameter is the detector delay, in mea-
sured units of the 8 MHz clock (one-half of the 16 MHz
clock due to the sorting into / and Q streams) periods. The
sinusoidal nature of the characteristics are evident.

Keeping the sampling rate constant, the IF frequency
was increased to produce the subharmonic sampling sce-
nario. Fig. 24 is a discriminator characteristic for Fg =
4 /3 Fig, meaning that Fi = 12 MHz. Notice that the
slope of the curve is opposite that for the Fs = 4F}g con-
dition. This change is due to the fact that this sampling
arrangement effectively reverses the polarity of either the
I or Q channel, thereby inverting the detector output. Fig.
25 is the result for Fiz = 36 MHz, which has Fs = 4/9
Fir. The discriminator curve now has the same polarity as
for Fs = 4 Fjp. The reduction in amplitude is due to the
fact that the frequency of the input signal is now outside
the power bandwidth of the A/D converter.

The performance of the //Q misalignment correction
and dc removal circuits was tested using a carrier that was
FM-modulated by a tone. For the tests, f; = 75 kHz, f,
= 50 kHz, Fjr = 4 MHz, f, = 5 kHz, and the detector
delay is seven samples. Fig. 26 shows the spectrum of the
sine detector output in the region of the 50 kHz tone when
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Fig. 25. Discriminator curve for F, = 4 /9F¢.
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Fig. 26. Output spectrum without correction circuits.

the //Q misalignment and dc removal circuits are dis-
abled. Two pairs of sidebands, one at £5 kHz and an-
other at + 10 kHz, appear around the desired 50 kHz tone.
Due to the large degree of oversampling, i.e., the sam-
pling rate is much larger than the bandpass bandwidth of
the signal, these sidebands are upproximately 50 dB be-
low the desired tone.
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Fig. 27. Output spectrum with //Q misalignment correction.
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Fig. 28. Output spectrum with //Q misalignment correction and dc re-
moval circuit.

Introducing the 7/Q misalignment correction produces
the spectrum of Fig. 27. Clearly, the outer pair of side-
bands have been greatly attenuated. Similarly, adding the
dc removal circuit along with the 7/Q misalignment cor-
rection attenuates the second pair of sidebands, producing
the spectrum of Fig. 28.

V. CONCLUSIONS

The all-digital demodulator/detector system that has
been presented is suitable for analog FM, as well as dig-
ital phase/frequency modulations. The dual detector
structure is a major factor in providing this flexibility by
allowing both noncoherent and differentially coherent de-
tection processes. In addition, since both detectors run
concurrently, one detector can provide information for
either AFC or AGC operations while the other provides
signal detection.

The combination of the subharmonic sampling and in-
terpolator-based //Q misalignment correction circuit
makes it possible to interface at a high IF frequency with-
out using excessive sampling rates. The actual sampling
rate is determined by the signal bandwidth, allowing suf-

ficient oversampling to allow the I/Q misalignment in-
terpolator to adequately mitigate any misalignment ef-
fects. The amount of oversampling that is ‘‘sufficient’’ is
clearly a function of the particular modulation in use and
the amount of degradation that is acceptable. In any event,
the use of oversampling, in combination with the inter-
polator misalignment correction, is an attractive alterna-
tive to other approaches which minimize sampling rates
at the expense of complicating the correction processing.
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