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Multicarrier Demodulator Architecture for
Onboard Processing Satellites
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A parallel pipelined architecture is presented for demultiplexing and demodulating single channel per car-
rier/frequency division multiple access (SCPC/FDMA) channels in real time. Specific algorithms are selected
for each of the operations necessary for multicarrier demodulation. The selection is made based on their suitabi-
lity for implementation into parallel-pipelined and sharing schemes. The algorithms are analyzed for data de-
pendencies and divided into data dependent and independent sections. The segregated sections are mapped by
implementing the independent sections in a parallel scheme and the dependent sections in a pipelined scheme.
The demultiplexing is performed by the polyphase fast Fourier transform (FFT) method, which requires a bank
of filters followed by an FFT operation. A shared filter bank module and a pipelined FFT module are designed
to implement the bank of filters and the FFT operation, respectively. The demodulator uses a single hardware
module that is shared amongst all of the channels for the recovery of timing, carrier, and data. This sharing of
hardware to perform the demultiplexing and demodulating of all of the channels results in savings of power and
hardware. The system is suitable for onboard processing of signals in satellites where power and area require-
ments are critical. The architecture is also highly modular and therefore lends itself well to very large scale inte-
gration (VLSI) implementation. This design is illustrated for the specific case of processing 800 FDMA channels
at 64 kbps each.

I. Introduction

PRESENTLY, most satellite communication systems require
a large Earth station to supply a network with multiplexed

speech and video channels. In the future, satellite communica-
tion systems will consist of a large number of small-capacity,
multiservice users. For these systems the conventional trans-
mission methods of frequency division multiple access
(FDMA) or time division multiple access (TDMA) are no
longer efficient. One approach to offer these services at a low
cost to the user is to use single channel per carrier/frequency
division multiple access (SCPC/FDMA) on the uplink and
time division multiplexing (TDM) on the downlink.1-4 Using
FDMA on the uplink and TDM on the downlink has been
found to be very effective in improving satellite transponder
utilization and reducing the effective isotropic radiated power
(EIRP) in both the satellite and the Earth stations. It also
results in low cost and less complex Earth terminals, which
makes communication via satellites more economical. A draw-
back with this scheme is that it transfers the burden of compu-
tation on-board the satellite, where power and area require-
ments are critical. Thus, hardware that is efficient in terms of
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speed, power consumption, and components needs to be de-
veloped for performing the computations onboard the satel-
lite.

To perform the FDMA/TDM conversion, a multicarrier
demodulator (MCD), baseband switch matrix, TDM mul-
tiplexer, and modulator are required onboard the satellite as
shown in Fig. 1. The MCD consists of a transmultiplexer fol-
lowed by a bank of demodulators. The transmultiplexer is re-
quired to separate the FDMA signal into individual channels.
The bank of parallel demodulators takes the separated chan-
nels and recovers the digital data from them. Implementation
of the MCD using analog components results in large require-
ments of power and weight. Reliability is also a serious con-
cern with analog components. To overcome these problems
and to take advantage of the developments in the area of very
large-scale integration (VLSI) and digital systems, a digital im-
plementation of the MCD has been proposed.5~9 Digital im-
plementation also allows flexibility in processing any number
of channels with different bandwidths and access formats.
This can be accomplished by making the transmultiplexer and
demodulator programmable and sending programming in-
structions from the ground for the desired processing.

For digital implementation of the conventional MCD shown
in Fig. 1, the channel separation is achieved digitally via a
bank of digital filters with desired center frequencies, corre-
sponding to the K carriers in the FDMA signal. After the
channel separation, each carrier is downconverted to base-
band and decimated. Since the filtering, downconversion and
decimation are done at high sampling rates, this scheme is
computationally inefficient and has high power requirements.

If the SCPC carriers are uniformly spaced, the sampling
rate reduction, the channel separation, and the downconver-
sion are efficiently realized as one signal processing block
known as a transmultiplexer (TMUX) or a uniform channel
filter bank,10'11 as shown in Fig. 2. The filter-bank structure is
implemented with the aid of a commutator and a bank of
polyphase filters, and the discrete Fourier transform (DFT)
implemented via the fast Fourier transform (FFT), which
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Fig. 1 FDMA/TDM system.
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makes this algorithm computationally efficient. However, this
scheme requires a large amount of hardware since a separate
polyphase filter and a separate demodulator are required for
each channel. In this paper, a shared hardware architecture
that uses a single polyphase filter and a single demodulator is
presented. The FFT is implemented by a pipelined architecture
that is compatible with the shared hardware architecture.
Demodulation requires modules for carrier recovery, timing
recovery, and data detection. Algorithms suitable for shared
architecture and for VLSI implementation are selected for
various operations of demodulation. These are described in
Sec. II. Hardware design of the polyphase filter, FFT proces-
sor, and the demodulator is given in Sec. Ill, and the estimates
of the power required to implement the hardware are given in
Sec. IV.

II. Algorithm Selection for Demodulation
The demodulator consists of modules for carrier recovery,

timing recovery, and data recovery. Several algorithms can be
used for the carrier and clock recovery. The nonlinear estima-
tion technique proposed by Viterbi and Viterbi12 for the car-
rier recovery and the clock estimation method proposed by
Gardner13 have been chosen for their simplicity in a digital im-
plementation. The carrier recovery is based on the implemen-
tation of the Viterbi algorithm in the proposed MCD structure
by Del Re and Fantacci.9 The samples are input to the demo-
dulator at the rate of two for every symbol. The complex sam-
ple input to the demodulator is of the form

Xn = (1)
where Rn = V(/,2 + Qn

2) and </>„ = tan'1 (Qn/ln).
A nonlinear transformation is peformed on the samples to

eliminate the modulation information from the phase of the
carrier. The new transformed vector is as follows:

In' + j Qn = ***** = (2)

where </>c is the carrier phase to be estimated, the function F is
an arbitrary nonlinear operator, and m is related to the mPSK
scheme of modulation [m = 4 for (QPSK)]. The operations
performed are a rectangular-to-polar transformation, a phase
multiplication by m, an arbitrary nonlinear transformation on
Rn, and finally a polar-to-rectangular transformation. In

hardware implementation, the values of In' and Qn' are pre-
programmed and stored in a look-up table for the given In and
Qn values. All of the symbols of various channels use the same
look-up table for this transformation. The carrier-phase
estimate is given by </>c= l/m tan"1 (Qn

f/!„'). The carrier
phase is estimated at the midinterval for a period of samples of
each channel. For every 2N+ 1 symbols of a given channel, this
phase estimate is used to demodulate all of the 2W+ 1 symbols.

The timing information in a clock-recovery module is ob-
tained for each of the symbols. The timing-error information
for the nth sample is given by Ref. 13.

Un = In- + Qn- 1/2(61, ~ Qn- 1) (3)

where the integer-index samples denote the estimated peak
values of the samples and the noninteger index samples denote
the crossover points that lie midway between the peak
samples. The accumulated timing-error is given by

un (4)

This updated output is needed by the interpolator/decimator
filter for the correction in the sampling instances. The updated
timing error is computed for the samples of all of the chan-
nels.

The demodulation process for the samples begins once the
phase estimate is available from the carrier recovery. The de-
modulated samples are given by

An = /„ cos </>c + gw sin *

Bn = Qn cos </>c - 7n sin <

(5)

(6)

where An and Bn are the demodulated data values for the in-
phase and quadrature channels, respectively, and </>c is the esti-
mated carrier phase. The values An and Bn are then utilized
appropriately to output the digital data.

From the above discussion, it is clear that the major compo-
nents to be designed for a digital MCD are the polyphase filter
module, the FFT module, and the demodulator. In the follow-
ing section, an efficient implementation of these modules is
presented for the specific case of demultiplexing 800 QPSK
modulated FDMA channels at 64 kbps and a uniform spacing
of 45 kHz each. The total bandwidth of the FDMA signal is 36
MHz. This is a typical application in satellite systems for
transmitting voice signals. The concepts developed can be
easily extended to design architectures for other similar
applications.

III. Hardware Design
The process of multicarrier demodulation starts with the

analog/digital (A/D) sampling. The FDMA signal is complex
sampled at the rate of 36 MHz. Complex sampling is chosen so
that the digital components can operate at a lower rate. In ad-
dition, the complex signal representation is compatible with
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the FFT operation. For a sampling rate of 36 MHz, the system
clock period will be less than 27.7 ns (1/36 MHz). Two A/D
converters are needed, one for the 7, and one for the Q chan-
nel. This will give an internal bit rate of 288 Mbits/s (36 MHz
x 8 bits). The samples are input to the polyphase network at
the rate of one complex sample every 27.7 ns. These input
samples are operated on by the hardware units in the
polyphase filter bank, FFT, and the demodulator. This is
feasible by incorporating the principles of time multiplexing,
pipelining, and using hardware components that can operate
at the sampling frequency.

A. Polyphase Filter Architecture
As shown in Fig. 2, a bank of polyphase filters is required.

Each filter in the polyphase network is derived from the proto-
type low pass filter.10 If the prototype filter has Mtaps and
there are N channels to be demultiplexed, the N polyphase
filters would have K=M/Ntaps each. The polyphase filters
are implemented as finite impulse response (FIR) filters
because infinite impulse response (IIR) filters are not suitable
for this application. The coefficients of the prototype low-pass
FIR filter are derived for the specific case of 800 FDMA chan-
nels each having a bandwidth of 45 kHz and a bit rate of 64
kb/s. The prototype low-pass filter has 7200 coefficients and
therefore each polyphase filter will be implemented as a nine-
tap FIR filter.

The individual nine-tap FIR filters can be implemented in a
variety of ways depending upon whether speed or economy is
of prime importance.14 For filtering the proposed 800 chan-
nels, each of the 800 filters will have 22.22 jus (800/36 MHz) to
compute its result. This speed is easily achievable with present
technology. However, the implementation of the filter bank
directly as shown in Fig. 2 will require hardware components
necessary for implementing 800 filters. If high-speed process-
ing components are available (ones that can operate at several
times the processing rate necessary for implementing each of
the 800 filters), time multiplexing can be used to reduce the
number of components. It is proposed that instead of having
800 different nine-tap filters, the hardware of one nine-tap
filter be shared in a time-multiplexed manner amongst the 800
polyphase filters. This is accomplished by designing the hard-
ware structure for one nine-tap filter and passing the appro-
priate coefficients that define a desired filter. The coefficients
are stored in a high-speed memory. Using this approach, any
desired filter can be configured by accessing the appropriate
filter coefficients from memory. Thus, in this architecture the
structure for one filter is time multiplexed amongst the 800
filters giving an approximately 1:800 saving in hardware com-

ponents over directly implementing the polyphase filter bank
as shown in Fig. 2.

The architecture of the shared polyphase filter bank for the
case of 800 (nine tap) filters is shown in Fig. 3. In this struc-
ture, each high speed random access memory (RAM) corre-
sponds to one of the registers in the nine-tap filter. In essence,
the RAMs used in the current structure act as multiple
registers connected to multipliers. An address generator gener-
ates the read and write addresses by counting from 1-800. The
read and write addresses are the same through one cycle of
reading and writing. When the ouput of the counter is «, chan-
nel n's contents are being accessed, i.e., address broadcast to
the RAMs is n.

Latches are provided between the RAMs for storing
samples. These latches help to pipeline and hold the data
through one cycle of read and write. The data held in the latch
is written into the RAM following it and is also an input to the
multiplier where it will be multiplied by its corresponding filter
coefficient. The latches are negative-edge triggered. The multi-
pliers multiply the samples from the RAMs with the corre-
sponding filter coefficients which are stored in a memory.
Outputs of the multipliers are input into a tree adder which is
pipelined. Thus, once the pipeline is full, a weighted sample is
produced every clockcycle.

The shared filter system will operate at a 36 MHz clock rate.
The A/D converter produces a complex sample every 27.7 ns.
For every clockcycle, a signal is provided.to the A/D converter
to start sampling. At the same time an address is broadcast to
all memories. Once the incoming signal has been completely
digitized and the data from the memories have been accessed,
the latches are enabled. Thus, the latches hold the data read
from the memories. After a setup time, a write signal is broad-
cast to all of the memories. The write address is the same as
the read address. Thus, all the of data available at the latches
will be written into the same location in the next RAM. This
procedure essentially performs the shifting of data. The data
at the output of the latches is also an input to the multipliers.
The coefficients of the filter corresponding to the channel be-
ing filtered are also sent to the multipliers at the same time as
the data is available at the multipliers. Once both the inputs
are available at the multipliers, a multiply signal is broadcast.

From the above, it can be seen that a new output sample for
each channel will be calculated every clockcycle. Since we are
performing nine multiplications corresponding to the nine
taps in parallel, the time to compute all of the multiplications
will be one multiply time or one clockcycle (27.7 ns). Since the
data is complex and the coefficients are real, the complex mul-
tiplier could be implemented as two multipliers operating in

Read/Write
Address Clock

Latch Filter
coefficients

Write Address
from counter

Read Address
from FFT Processor

10 Stage
EFT

Demultiplexed channels
output serially

Fig. 3 Shared filter bank.
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parallel on the real and complex part of the sample. The rest
of the structure consists of pipelined adders. After the pipeline
is full, an output is obtained in approximately the same time as
it takes to perform one multiplication.

Outputs of the filter bank are passed through the DFT
module. It can be seen that 800 samples will be available for
DFT computation every 22.22 JKS (800 x 27.7 ns). The DFT is
implemented via an FFT for efficient computation.

B. Pipelined FFT Implementation
For demultiplexing 800 channels, an 800-point DFT needs to

be computed. The FFT algorithm is used for fast computation
of the DFT. For efficient FFT implementation, a 1024-point
FFT (closest power of two above 800) is computed instead of a
800-point FFT. Thus, the requirement is that a 1024-point
FFT has to be computed every 22.22 jus. There are many
methods of implementing the FFT processor (perfect shuffle,
pipeline, array method) available in the literature.14"17 After
reviewing the various methods of implementing the FFT, the
direct pipeline was found to be the most attractive.

An TV-point FFT will have log2Af stages in it; therefore a
1024-point FFT will have ten stages. Each stage in the pipeline
will consist of an arithmetic element (AE), a memory that will
store the twiddle factors, a RAM for storing its output, and an
address generator. The RAM that stores the output of each
stage is divided into two sections. Section 1 ranges from 0-1 k
and section 2 varies from 1-2 k. This is to enable simultaneous
reading and writing into and from different sections of the
same memory. The «th RAM stores the result of the (n - l)th
stage of the FFT. The implementation of these components in
the pipeline structure can be seen in Fig. 4. The data flow can
be better visualized if the example of a particular stage in the
pipeline is taken. The flow for stage n is as follows.

There are two operating modes for the pipeline. The compu-
tations of one stage of the FFT, i.e., TV/2 butterfly operations,
are completed in one mode whose time span is 22 /*s. The pipe-
line operates by alternating between each of the two modes
(mode 1, mode 2, mode 1,...). The operations performed for
stage n are detailed below. All of the operations for each mode
take place in one clockcycle.

In the first mode (mode 1) the address generator (AG) of the
Mh stage will supply read address (RA) into section 2 of RAM
TV and supply write address (WA) to section 1 of RAM (TV +
1). That is, in mode 1, the data is supplied to the AE from sec-
tion 2 of the RAM preceeding it and written into section 1 of
the RAM following it. In the second mode (mode 2), the AG
of the TVth stage will supply RA into section 1 of RAM TV and
supply WA to section 2 of RAM (TV + 1). The necessary FFT
coefficients required by the AE are also accessed from the
coefficient memory. The data are then input into the pipelined
AE where a butterfly operation takes place. Since the read and
write addresses are the same, the write addresses will be
delayed by a number of clockcycles equivalent to the number
of pipeline stages between the two RAMs, TV and (TV + 1).
There are two reasons for having this sequence of reading and
writing in the two different modes. One reason is so that we
read only those stages that have been completely computed.
Another is so that the AE is kept busy all of the time.

The total number of butterflies required for performing a
1024-point FFT is 5120. Since there are ten stages in a 1024-
point FFT, each stage will have to compute 512 butterflies.
The time elapsed between the entry of a new set of 800 data in-
puts from the shared filter module is 22.22 /*s. Therefore, the
time required for each stage to compute its result is 22.22 jus.
This translates into performing 512 butterflies every 22.22 jus.
Therefore, the minimum time to perform a butterfly is 42.9 ns
(22.22 jus/512). Commercial multipliers are available that can
perform a 16 x 16 multiplication in 20 ns. Considering these
computation times, a multiplexed arithmetic element (MAE)
has been developed. The architecture of the MAE is shown in
Fig. 5. This AE is designed by studying the mathematical oper-
ations of the FFT butterfly and realizing that the butterfly op-

Demultiplexed
channels output

serially t

From counter of SFB
CF= Twiddle Coefficients

•| Counter [

Fig. 4 Ten-stage pipelined FFT.

w

CM-DN \P'=A+CM-DN

CN + DM

.Q'=A-(CM-DN)

iQ'=B-(CN+DM)

\F=B + CN+DM

In place radix 2 butterfly where
P= C+jD, W= M+jN, Q= A+jB

Fig. 5 Multiplexed arithmetic element (MAE).

erations can be split into two parts. The first part of the but-
terfly operation is computed in the first 20 ns and the next part
in the next 20 ns. Both parts are Computed utilizing the same
hardware and a little more complicated control sequence.
Thus, the butterfly can be computed in the required time of
42.9 ns. The benefit of this approach is that hardware and
power consumption can be saved.

There are two pairs of input latches (c,d and m,n) in the
MAE. One pair of latches (c and d) holds the lower leg of the
butterfly inputs and the other pair of latches (m and n) holds
the twiddle factor. The outputs of the latches are connected to
multiplexers (1,2,3) that route the data to the multipliers
(M1,M2). The data after being multiplied is routed by means
of two demultiplexers (4,5) to different inputs of an adder
(A + ) and subtracter (S-) as shown in Fig. 5. The upper leg
of the butterfly inputs is held in another set of latches (a and
b). The data of the upper leg of the butterfly is added and sub-
tracted to the main data flow by means of two adders
(C + ,R +) and subtracters (C - ,R -). The clockcycle for this
architecture is 21 ns. The inputs to the multiplexers are held
constant for two clockcycles (42 ns), and a complete result will
also be produced every two clocks. This shows that the re-
quired 512 butterflies can be performed in 21.5 jus (512 x 42
ns). Thus, the 800 FDMA channels are demultiplexed and
brought down to baseband in real time.

C. Time Shared Demodulator
A single demodulator is shared to demodulate all of the

channels in a time multiplexed manner, and consists of three
main modules, namely multiplexed carrier recovery module
(MCRM), multiplexed timirig recovery module (MTRM), and
multiplexed data recovery module (MDRM). The hardware is
structured to demodulate all of the channels simultaneously.
This amounts to multiplexing the samples of all of the chan-
nels. The number of channels can be varied as long as the total
bit rate is below the maximum bit rate sustained by the
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RE - Read Enable
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Fig. 6 Multiplexed carrier recovery module (MCRM).

modules. Moreover, the bit rate of a group of channels could
also vary. The detailed hardware design is provided in the fol-
lowing sections.

1. Multiplexed Carrier Recovery Module (MCRM)
The samples on the in-phase and quadrature-phase channels

are input to the MCRM as shown in Fig. 6. The input samples
!„ and Qn need to be transformed to another vector according
to Eqs. (1) and (2). The transformed samples are accumulated
for an estimation interval and their mean is obtained. The out-
puts of this module are the sine and cosine values correspond-
ing to the average of the accumulated samples.

The preprogrammed values of In' and Qn' corresponding
to the transformation of the input samples In and Qn, accord-
ing to Eq. (2), are stored in the input read-only memory
(ROM)(IR). The values of In' and Qn' are accumulated in the
accumulation RAM (AR). An AG for samples supplies the ad-
dresses to the AR according to the channel numbers for stor-
ing^ the values of /„' and Qn'. The samples of the various
channels are stored in their allotted location. The successive
samples over an interval length of 2N for each of the channels
are accumulated. The accumulated result needs to be divided
byl2N to obtain ah average vector (//' and Qn"). This is
achieved by reading all but the last log2(2AO least significant
bits of In' and Qn '. The new vectors (In " and Qn ") are ad-
dresses to the output ROM (OR) that contains the look-up
table for sine and cosine values of the phase estimate. This
avoids an extra look up for the l/m tan~ l operation. The sine
and cosine values are stored in the storage RAM (SR) for
operating on the values of In ' and Qn'. The estimated values
of the sine and cosine are used by the MDRM.

It is assumed that the word length of the input samples is six
bits. Therefore a 4-k x 12 IR is sufficient for the vector
transformation, A 10-bit 1-k AR will be sufficient to acco-
modate the accumulated 27V (16) successive six-bit samples. A
4-k x 12 IR is used to store the look-up table for the sine and
cosine values that are 6 bits each. A four-bit AG for channels
and a ten bit AG for samples are sufficient to control the accu-
mulation of up to 16 succesive samples of each channel and to
count the 800 channels, respectively.

The AG for samples can be configured from the ground ac-
cording to the user specifications. This is essential if the user
needs to vary the number of channels as well as the bit rate of
a group of channels. The clock for AG for channels is slower
than the clock for AG for samples by 800 times.

2. Multiplexed Timing Recovery Module (MTRM)
The timing recovery algorithm used in this design is as pro-

posed by Gardner,13 and its implementation for the multi-
channel case is presented in Fig. 7. The input samples are ob-
tained from the MDRM and are stored in the buffer RAMs
(BR). These samples are input into this module every clockcy-
cle. The input samples are stored in the first RAM and are suc-
cessively moved from one RAM to the next until the three
samples needed for the computation of Eq. (3) are received.
The data are effectively transferred from one RAM to another
using the intermediate latches. On the positive edge of the
clock, the input is written into the latch; and on the negative
edge, it is written into the appropriate location of the RAM in-
dicated by the AG for samples. It provides the addresses for
storing the input samples in the unique channel-space loca-
tions allotted in the RAMs. The three sets of samples for all of
the channels are stored in the BRs.

The computations will start once the samples in all of the
RAMs are available. The timing error for each channel is com-
puted according to Eq. (4) and is updated and stored in a tim-
ing RAM (TR). The address for TR is delayed by three clock-
cycles to compensate for the pipeline delays from the AG for
samples and is enabled by the AG for channels with an appro-
priate delay. This amounts to performing the computations
for every other clock of the AG for channel. A correction in
timing is available only for successive symbols that have a
transition. This error is accumulated with the previous values
stored in the memory and is also available for timing correc-
tion. All of the values in the RAMs are initialized at the start
of these operations.

3. Multiplexed Data Recovery Module (MDRM)
The data recovery module utilizes the in-phase and

quadrature-phase samples along with the output values of the
MCRM to extract the digital data for all of the channels. The
samples of the channels are input sequentially into this
module. The product of their combinations according to Eqs.
(5) and (6) are obtained and stored in a latch. After the neces-
sary computations are performed, the results are stored in
unique locations of the RAM. An appropriate delayed address
is provided by the AG for samples. The structure of the
MDRM is shown in Fig. 8.

The result of the computations stored in the latch can either
be negative or positive. The sign of the values stored in the lat-
ches is determined by examining the most significant bit
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AGG - Address Generator Channel
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Fig. 7 Multiplexed timing recovery module (MTRM).

Table 1 Power consumption of the MClf

AGS - Address Generator Sample
DDK - Digital Data RAM

Fig. 8 Multiplexed data recovery module (MDRM).

(MSB) of the latch. Whenever there is a positive value in the
latch a "1" is transmitted, and a "0" is transmitted for a
negative value. These output values are a two-bit data bus: to
the digital data RAM (DDK). An AG for samples will address
the recovered channel information appropriately to the dif-
ferent locations of the DDR according to the unique channel
spacing alloted to them. These stored values are accessed by
the switch matrix for further processing on TDM downlink.

The AG for samples provides the addresses for appro-
priately storing and accessing the channel information. For
800 channels (64 kbps each), the modules have to operate at a
27.7-ns clock period. This throughput can be maintained by
the modules once the pipelines are filled and also with all of
the components operating at that rate. The 800 samples of the
channels are stored in the 800 specific locations of the 1-k
RAMs. The width of the RAMs is determined by the word
length of the samples. It should also accommodate the growth
in word length due to the accumulation of samples. The
ROMs are basically look-up tables and therefore operate ir-
respective of the channel number. The precomputed data
stored in the ROMs are output every sample clockcycle, For
the MTRM, the 800 different samples of all of the channels
are stored and shifted successively to the following RAMs.
The computations start once the samples in all of the three
RAMs are available. The timing information is stored in 800
locations of the updating RAM. The MDRM also stores the
output data in the 800. different locations of the RAM once the
computations are performed. As can be observed, the correct
storage locations, accessing locations, and the instants of ac-
cessing are crucial for the accurate operation of the system.

Filter bank
FFT module
RAM- buffer
MCRM
MTRM
MDRM
Total

Storage, W
7.0

10.0
6.0
1.0
1.4
0.2

25.6

Computational, W
5.0
6.0
—

0.002
0.54
1.02

12.562

This crucial role is performed by the AG for samples and AG
for channels. The AG for samples counts and stores the sample
values of each of the 800 channels in the 800 different locations.
The AG for channels is used with ail appropriate delay to enable
or disable the read/write access for several RAMs used in this
design. The incoming samples used in the MCRM also need to
be stored in a buffer to be operated on later. This will need a
RAM buffer design similar to the BRs of the MTRM,

The demodulator is flexible in its need for parameters and is
therefore programmable according to the user specifications.
The synchronized operation of the three modules provides an
output at every clockcycle. This governs the maximum
number of channels that can be demodulated. Also, for a
larger number of channels, multiple demodulators can be
easily operated in parallel. The flexibility in altering the system
clock will enable a higher throughput if the storage is made
available in the RAMs and the operational units can operate at
that rate.

IV. Consumption Estimate
The power-consumption estimate for, the multicarrier demo-

dulator presented above is based on a literature survey of cur-
rently available memory and logic units.18-20 The speed re-
quirement of these units is well within the 27.7 ns required for
accurate operation of the modules ijti the proposed MCD. The
entire architecture is highly modulaf and use of application-
specific integrated circuits (ASICs) could further reduce the
power consumption. The power consumption of each of the
modules and the total estimated power is given in Table 1.

V. Conclusions
In this paper, parallel, pipeline, and time-sharing concepts

are used in the design of a digital MCD. The MCD consists of
the TMUX and the demodulator. The TMUX is implemented
by means of a shared filter bank module and a pipelined FFT
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module. An AE is designed to implement the FFT butterfly
operation. The demodulator consists of carrier, timing, and
data recovery modules, which have been configured for high-
speed demodulation. The shared filter bank and the demo-
dulator process the channels in a time multiplexed manner.
This provides considerable hardware and power savings as op-
posed to having a bank of filters and demodulators. Thus, this
system is suitable for onboard processing of the channels in a
satellite. It is also modular and lends itself to VLSI implemen-
tation. The MCD design is illustrated for the specific case of
processing 800 FDMA channels at 64 kb/s each.
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