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(57) Abstract

A decoder (200) and an encoder 300\
(300) for extracting a subset of symbols =
from, or inserting a subset of symbols
into, a communication channel (333) in
which M symbols are transmitted as
the amplitudes of M sinusoidal carriers. oy
The decoder (200) recovers K symbols, ’

Sp...Sp+k-1, from an analog signal gen- S TIME- DOMAN
erated by modulating M sinusoidal car-
riers for a frame period. Each carrier n
is modulated with an amplitude propor-
tional to the value of one of M symbols, DOMAN,
the it carrier being modulated by sym- mm

bol S;. The K symbols are a contiguous TIMB- DOMAIN
subset of the M symbols. The decoder
(200) includes a down—converter (201,
211, 202, 212) for down-converting the
modulated signal on the communication
channel to generate a down-converted
signal in which the carriers comresponding to Sy...Sp+k-1 occupy frequencies starting from O. An analog-digital converter (203, 313) gen-
erates K time~domain samples in each frame period from the down—converted signal. These time~domain samples are converted to K
frequency—domain values representing the symbols Sp...Sp+k-1 by a time—domain to frequency—domain overlapped transform. The encoder
(300) encodes K symbols, S;...Sk, as the amplitudes of K sinusoidal carriers, the K sinusoidal carriers comprising a contiguous block of
carriers in a signal comprising M sinusoidal carriers in which each of the carriers is modulated by a signal having an amplitude determined
by the value of one of the symbols for a time equal to one frame period. The encoder (300) includes a frequency—domain to time-domain
overlapped transform (302, 312) for generating K time~domain samples from the K symbols, the time~domain samples representing a
modulated carrier comprising K sinusoidal carriers, each of the carriers being modulated by a signal having an amplitude determined by
the value of one of the K symbols. A digital-to-analog converter (304, 314) converts the K time-domain samples to an analog signal.
The analog signal is then up—converted such that the sinusoidal carrier modulated by S) has a frequency equal to the pth carrier of the M
sinusoidal carriers, wherein p>0.
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IMPROVED METHOD FOR PARTIALLY MODULATING AND DEMODULATING
DATA IN A MULTI-CARRIER TRANSMISSION SYSTEM

Field of the Invention

The present invention relates to systems for multicarrier transmission of data, and

more particularly, to an improved method for transmitting or receiving subsets of data for use

in such systems.

Background of the Invention

In a multicarrier system, a communication path having a fixed bandwidth is divided
into a number of sub-bands having different frequencies. The width of the sub-bands is
chosen to be small enough to allow the distortion in each sub-band to be modeled by a single
attenuation and phase shift for the band. If the noise level in each band is known, the volume
of data sent in each band may be optimized by choosing a symbol set having the maximum
number of symbols consistent with the available signal to noise ratio of the channel. By

using each sub-band at its maximum capacity, the amount of data that can be transmitted in

the communication path is maximized.

In practice, such systems are implemented by banks of digital filters which make use
of fast Fourier transforms or other transforms as described in detail below. Consider the case
in which a single data stream is to be transmitted over the communication path which is
broken into M sub-bands. During each communication cycle, the portion of the data stream
to be transmitted is converted to M symbols chosen to match the capacity of the various
channels. Each symbol is the amplitude of a corresponding sub-carrier. The time domain
signal to be sent on the communication path is obtained by modulating each sub-carrier by its
corresponding amplitude and then adding the modulated carriers to form the signal to be
placed in the communication path. This operation is normally carried out by transforming the
vector of M symbols via an orthogonal transform to generate M time domain values that are
sent in sequence on the communication path. At the other end of the communication path, the

M time domain values are accumulated and transformed via the inverse transform to recover
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the original M symbols after equalization of the transformed data to correct for the

attenuation and phase shifts that occurred in the channels.

In multi-user systems, each user is assigned a portion of the communication channel
for messages between the user and a central office or head-end terminal. In principle, each
user can use a bank of M filters to decode the messages being sent from the central office and
then select the sub-channels that contain information intended for the user in question.
Similarly, each user can modulate that user’s carriers using a digital filter bank. The
computational workload needed to decode the messages from the central office is of order
MlogM if a fast Fourier transform based encoding system is used. This computational
workload is sufficient to require computing hardware that represents a significant fraction of
the hardware cost at each user’s location. Hence, it would be advantageous to have a system

that required less hardware when only a portion of the M sub-bands contain data is intended

for any given user.

Broadly, it is the object of the present invention to provide an improved multi-carrier

transmission system.

It is a further object of the present invention to provide a multi-carrier transmission
system that allows each user in a multi-user system to decode only the portion of the data
stream intended for that particular user at a lower computational work load than that required

to decode the entire data stream.

These and other objects of the present invention will become apparent to those skilled

in the art from the following detailed description of the invention and the accompanying

drawings.

Summary of the Invention

——

The present invention comprises a decoder and an encoder for extracting a subset of

symbols from, or inserting a subset of symbols into, a communication channel in which M
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symbols are transmitted as the amplitudes of M sinusoidal carriers. The decoder recovers K
symbols, Sp...Sp+K_|, from an analog signal generated by modulating M sinusoidal carriers
for a frame period. Each carrier is modulated with an amplitude proportional to the value of
one of M symbols, the ith carrier being modulated by symbol S;. The K symbols are a
contiguous subset of the M symbols. The decoder includes a down-converter for down-
converting to the modulated signal on the communication channel to generate a down-
converted signal in which the carriers corresponding to Sp---Sp+K-1 occupy frequencies
starting from 0. An analog-digital converter generates K time-domain samples in each frame
period from the down-converted signal. These time-domain samples are converted to K
frequency-domain values representing the symbols S,,....Sp.) by a time-domain to
frequency-domain converter based on an overlapped transform. The encoder encodes K
symbols, S,...Sk, as the amplitudes of K sinusoidal carriers, the K sinusoidal carriers
comprising a contiguous block of carriers in a signal comprising M sinusoidal carriers in
which each of the carriers is modulated by a signal having an amplitude determined by the
value of one of the symbols for a time equal to one frame period. The encoder includes a
frequency-domain to time-domain overlapped transform for generating K time-domain
samples from the K symbols, the time-domain samples representing a modulated carrier
comprising K sinusoidal carriers, each carrier being modulated by a signal having an
amplitude determined by the value of one of the K symbols. A digital-to-analog converter
converts the K time-domain samples to an analog signal. The analog signal is then up-
converted such that the sinusoidal carrier modulated by S; has a frequency equal to the pth

carrier of the set of M sinusoidal carriers, wherein p=0.
Brief Description of the Drawings
Figure 1 which is a block diagram of a multicarrier transceiver.

Figure 2 is a block diagram of a receiver 200 utilizing a decoder according to the

present invention.

Figure 3 is a block diagram of a portion of a communication system in which one

transmitter uses an encoder according to the present invention.
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Detailed Description of the Invention

The manner in which the present invention operates can be more easily understood
with reference to Figure 1 which is a block diagram of a multicarrier transceiver 100.
Transceiver 100 transmits data on a communication link 113. The input data stream is
received by a symbol generator 102 which converts a run of data bits into M symbols S, S,,
...s S Which are stored in a registef 104. The number of possible states for each symbol will
depend on the noise levels in the corresponding frequency band on the transmission channel
113. For the purposes of the present discussion, it is sufficient to note that each symbol is a

number whose absolute value may vary from 0 to some predetermined upper bound and that

the run of data bits is much greater than M.

Transceiver 100 treats the symbols S; as if they were the amplitude of a signal in a
narrow frequency band. Frequency to time-domain transform circuit 106 generates a time
domain signal X;, for i from 1 to M, that has the frequency components S;. The time domain
signals are stored in a shift register 108. The transform is an overlapped transform based on a
perfect-reconstruction or near-perfect-reconstruction filter bank pairs. The reader is referred
to P.P. Vaidyanathan, Multirate Systems and Filter Banks ( Prentice Hall, Englewood
Cliffs, NJ, 1993) which is hereby incorporated by reference . For the purposes of this
discussion, it is sufficient to note that such a filter bank pair consists of M distinct “synthesis”
filters f;, i=1 to M. Each filter has a length W>M. The second member of the pair is a set of
“analysis” filters h;, also of length W. The filters satisfy, or approximately satisfy in the case

of near-perfect reconstruction filters, the relationship

Z h:[k].fj [k - Mn] = 5i,j5n.0
k

where 8, =0 if x»y and 8, =1 if x=y. The quantity W/M is a positive integer and will be
referred to as the “genus” of the transformation in the following discussion. In general, the

quantity W=Mg where both M and g are integers.
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A frequency-domain to time-domain overlapped transform has several benefits when
used in a multicarrier transceiver. Most prior art multicarrier systems utilize a block Fourier
transform (FFT). These methods for subchannelization employ filters with side lobes at -13
dB, leading to significant mixing of information among nearby frequency bands in the
presence of channel distortions. The slow rolloff of the FFT filters also allows a narrow band
interferer such as a radio station to destroy the usefulness of a larger number of channels
adjacent to the channel in which the interferer is operating. In contrast, filter banks that
utilize overlapped transforms have side lobes whose magnitude depends on the genus of the
transform, and for reasonable values of the genus provide significantly lower side lobes. The

lower side lobes lead to significantly less mixing and increased immunity to narrow band

interferers.

One useful class of such filter banks are the cosine-modulated filter banks. In these
filter banks, the analysis filters h; are obtained by first windowing the data with the
“polyphase components” of an FIR filter h[n] of length W and then applying an M-point
Discrete Cosine Transform (DCT) to a suitable combination of the resulting 2M polyphase
window outputs. The synthesis transform is obtained similarly by applying a DCT and then

windowing the polyphase components with the same window h{n].
When used in conjunction with a transceiver of the type described in Figure 1, each of

the M symbol streams S; is upsampled by a factor of M and then convolved with the ith

response f; of the synthesis filter bank matrix to generate an output y;, where

yilkl=Y_5,[k - nM1f,[n].

The M outputs y;, are then summed to yield X which are loaded into shift register 108, i.e.,

X, = Zy:[k]
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It should be noted that a group of g samples of each symbol stream S; must be held in

memory to perform the overlapping frequency-domain-to time-domain transform. Here, g is

the genus of the transform.

The contents of shift register 108 represent, in digital form, the next segment of the
signal that is to be actually transmitted over communication link 113. The actual
transmission is accomplished by clocking the digital values onto transmission link 113
(possibly after up-conversion to radio frequencies) after converting the values to analog
voltages using D/A converter 110. Clock 107 provides the timing pulses for the operation.
The output of D/A converter 110 is low-pass filtered by filter 112 before being placed on
communication link 113. The time required to clock the M time-domain samples onto
communication link will be referred to as the frame period. During one frame period, M
symbols are transmitted. During the following frame period, M new symbols are produced
by the symbol generator 102 and loaded into register 104, where each g-element symbol
stream S; is shifted once in a FIFO fashion, thus eliminating the “oldest” or least-recently-

used element in each symbol stream. It will be assumed that there is no interval between

successive frames.

At the receiving end of transmission link 113, the transmission segment is recovered.
The signals received on communication link 113 are low-pass filtered to reduce the effects of
high-frequency noise transients. The signals are then digitized and shifted into a register 118.
When M values have been shifted into register 118, the contents thereof are converted via a
time-domain to frequency-domain transform circuit 120 to generate a set of frequency
domain symbols S';. This transformation is the inverse of the transformation generated by
frequency to time-domain transform 106. It should be noted that communication link 113
will, in general, both attenuate and phase shift the signal represented by the X;. Hence, the
signal values received at low-pass filter 114 and A/D converter 116 will differ from the
original signal values. Thus, the contents of shift register 118 will not match the
corresponding values from shift register 108. For this reason, the contents of shift register
118 are denoted by X';. Similarly, the output of the time to frequency-domain transform will
also differ from the original symbols S;; hence, the contents of register 122 are denoted by S';.

Equalizer 124 corrects the S'; for the attenuation and phase shift resulting from transmission
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over communication link 113 to récover the original symbols which are stored in buffer 126.
In addition, equalizer 124 corrects the symbols for intersymbol interference arising from
synchronization errors between the transmitter and receiver. These corrections are
accomplished by sending known training samples through the system which are used to train
equalizer 124. Finally, the contents of buffer 126 are decoded to regenerate the original data

stream by symbol decoder 128.

The coding and decoding transformations are preferably carried out using fast
algorithms based on the FFT, fast DCT, or the equivalent. However, even if such fast
algorithms are utilized, the computational complexity of recovering the M symbols from the
data stream is of order M(g+0.75log,M). As noted above, the computational hardware
needed to carry out the decoding can be a significant fraction of the cost of the receiver
section of such a transceiver. The present invention reduces this computational workload

when only a portion of the M symbols are intended for the receiver in question.

Consider the case in which only K of the M symbols sent in each frame are intended
for the receiver. Here, it is assumed that M/K=L where both K and L are integers. The
present invention utilizes a decoding scheme in which the computational complexity required
to decode the K symbols is of order K(g+0.75log,K) when a cosine-modulated filter bank is

used to code and decode the symbols.

Consider the case in which the remote station is assigned the K sub-bands centered at
frequency fp, the set of K sub-bands having a total bandwidth of B. These K symbols will be
denoted by Sp to Sp4x.) in the following discussion. The present invention provides a
complex downconversion of these symbols which is equivalent to moving the K tones to
baseband in such a way that these K symbols could have been generated by a K-symbol per
frame time-domain-to-frequency domain transform operating only on the K subbands. The

less computationally complex K-symbol overlapping transform is then applied to demodulate

the signal.
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It will be assumed that a gﬁard band is present between these K sub-bands and any
sub-bands at frequencies above or below the K sub-bands. Refer now to Figure 2 which is a
block diagram of a receiver 200 according to the present invention. Receiver 200 operates by
first down-converting the modulated signal on communication link 113 and then sampling the
down-converted signal at a rate that generates K time-domain sample values for each frame of
M symbols sent by the transmitter 101 shown in Figure 1. The incoming signal is first down-
converted by mixers 201 and 211 and low pass filters 202 and 212 to generate the quadrature
components of a signal centered at 0 frequency in the frequency domain. The outputs of the
low-pass filters are digitized by A/D converters 203 and 213. These converters operate at a
clock frequency of C where, C=FK/M and F is the frequency with which samples are shifted
from register 108 into D/A converter 110. Each A/D converter generates Ksamples per
frame. The samples are combined by multiplication circuits 204 and 214 and sum circuit 215

to form a data stream in which the even numbered samples are the output of A/D converter
202 multiplied by (~1)*?, and the odd numbered samplés are the output of A/D converter 212

multiplied by (=1)*"2. Here k is the clock cycle number of the clock input to the A/D
converters. This data stream is shifted into register 220. The odd-numbered samples
outputted by A/D converter 202 and the even -numbered samples outputted by A/D converter
212 are effectively discarded by multiplication by zero. Thus the multiplication and sum
circuits 204, 214, and 215 have the effect of interleaving the two data streams with
appropriate sign changes. At each frame, K samples will be shifted into register 220. These
time-domain samples are then converted to the corresponding symbol values by time-domain
to frequency-domain transform circuit 221. Inthe case in which the time-to-frequency
domain transform is implement as a cosine-modulated filter bank, the smaller K-point
transform may be implemented with a K-point DCT and a window hK which is obtained from

the original window h[n] by downsampling by a factor of L=M/K, i.e.,
h¥[n]= H[nL).
If this downsampled window is used, the A/D converters 203 and 213 must sample their

respective signals at a fractional time offset of (M-K)/(2K) to retain the perfect-reconstruction

property.
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In a practical realization of the system described in Figure 2, one may wish to use an
alternate implementation in which A/D converters 203 and 213 sample at a multiple (e.g., 4x
or 8x) of the final sampling rate, after which their signals are passed through a FIR digital
lowpass filter followed by downsampling by the multiple in question before input to the
multiplication circuits 204 and 214. This approach is preferred if aliasing due to
downsampling causes errors, and power or other constraints, prevent the use of sufficiently

high-performance analog lowpass filters for filters 202 and 212.

The non-ideal nature of the analog lowpass filters 202 and 212 imposes another
change in a practical realization of this system. The full set of K subbands will not be
useable. In particular, several sub-bands at each end of the set will be corrupted by the action
of the lowpass filter. For this reason, several subbands should be set aside as guard tones, and

only K(<K subbands used for transmission of the actual data.

The symbol values are denoted by 5’ to S’p.. 1 to reflect the possibility that the
symbols may have been corrupted by distortions on communication link 113. If such

distortions occurred, the symbols can be corrected by an equalizer as described above with

reference to Figure 1.

The arrangement shown in Figure 2 is equivalent to a down-converting system in
which the input signal is first down-converted such that the band of interest, i.e., that
corresponding to symbols Sy, to Sp4_ is centered at zero frequency. After low-pass filtering
this complex signal, the signal is up-converted such that S, is at baseband. The up-converted
signal is then sampled at a rate of K samples per frame period. The circuit shown in Figure 2
is preferred over this equivalent circuit because it eliminates the need for the up-conversion.
In addition, the A/D converters in the circuit shown in Figure 2 need only sample the signal at

half the rate of the A/D converter in the equivalent down-converting design.

A group of K symbols can be inserted onto a communication link by using a
transmitter that performs the reverse of the operations described above with respect to

receiver 200. Refer now to Figure 3 which is a block diagram of a transmitter 300 for
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inserting K symbols into a commuﬁication stream such that the K symbols are received as
symbols Spto Sp+K-1 in an M symbol frame by a receiver such as receiver 150 shown in
Figure 1. The remaining symbols in each frame are generated by other transmitters in the
system. All of the transmitters communicate their respective symbols to the receiver on a
communication link 333. Transmitter 300 receives K symbols during each frame period. The
symbols are shifted into register 301. The contents of register 301 are input to two distinct
frequency-domain-to-time domain transforms 302 and 312 once per frame. Each of the
transforms 302 and 312 generate K time-domain samples per frame period which are stored
in registers 303 and 313, respectively. The frequency-domain-to-time-domain transforms are
the analysis filter bank or overlapped transform 302, and a complementary overlapped
transform 312 which computes the Hilbert transform of the output of transform 302.
Together, the transforms 302 and 312 generate inphase and quadrature components of a
signal for subsequent single-sideband modulation onto channel 333. When the full M-symbol
time-domain-to-frequency domain transform 120 at the receiver is based on a cosine-
modulated filter bank with lowpass prototype filter h[n], the K-symbol transforms 302 and
312 at the transmitter may be based on a lowpass prototype filter hK[n] obtained by
downsampling h[n] by the factor L=M/ i.e.,

KX [n] = H[Ln]

The K time-domain values from shift registers 303 and 313 are then shifted into D/A
converters 304 and 314 to generate an analog signal sampled at the rate C=FK/M, where F is
the rate at which samples are shifted from A/D converter 116 into register 118. In the case of
a cosine-modulated lapped transform, if the prototype filter is obtained via the above
downsampling formula, the D/A converters 304 and 314 must sample their respective signals
at a fractional time offset of (M-K)/(2K) to preserve the perfect-reconstruction property of the
transform. The outputs of D/A converters 304 and 314 are passed through lowpass filters 305
and 315. The outputs of the lowpass filters 305 and 315 are upconverted by mixers 306, and
316. Mixer 306 zeros out even-indexed samples and mixer 316 zero out odd-indexed
samples. Thus, when the mixer outputs are added by summer 317, the result is an
interleaving of alternate samples from lowpass filters 305 and 315 with sign changes and

modulation up to the center frequency F;,. Taken together with the in-phase and quadrature
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transforms 301 and 312, this accomplishes a single-sideband upconversion of the partial band

signal to the frequency band centered at F, on communication link 333.

The analog signal so generated is combined with other signals on communication link
333 by an adder 330. The combined signal is decoded by an M point per frame receiver
comprising the elements shown at 340-343. In particular, M time domain points X}...X"p4
are recovered each frame period by A/D converter 340 which shifts the recovered points into
register 341. An M point time-domain to frequency-domain transform circuit 342 then
converts the values stored in register 341 to recover the M symbols S,...Sy, stored in register
343, Itisto be understood that transform circuit 342 may also include equalizer circuitry of
the type discussed above with reference to Figure 1 as well as the other components discussed

in relation to receiver 150. These components have been omitted from Figure 3 to simplify

the figure.

It will be apparent to those skilled in the art that there are equivalent means for
performing the combination of the in-phase and quadrature outputs and modulation to carrier
frequency Fp, in order to complete the upconversion. For example, the D/A converters 304
and 314 could sample at half the overall rate, with one half the samples out of phase. The
mixers 306 and 316 and summer 317 would then perform the combination of these analog

signals to generate one signal containing information at the full rate.

In a practical realization of the system described in Figure 3, one may wish to use an
alternative implementation in which the contents of shift registers 303 and 313 are passed
through FIR digital lowpass filters, followed by upsampling by some integer factor(e.g., 2, 4,
or 8) before being input to D/A converters 304 and 314, The D/A converters would sample at
a multiple (using the same integer factor) of the original sampling rate. This alternative
approach would be preferable if imaging due to upsampling is a problem, and power or other

constraints, prevent the use of sufficiently high-performance analog lowpass filters for filters
305 and 315.

The non-ideal nature of the analog lowpass filters 305 and 315 imposes another

change in a practical realization of a system because the full set of K subbands will not be
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useable. Several subbands at each end of the set will be corrupted by the action of the
lowpass filters. The number of corrupted subbands will depend on the deviation of the actual
filters from ideal filters. For this reason, several subbands should be set aside as guard tones,

and only K(<K of the subbands used for transmission of data.

Various modifications to the present invention will become apparent to those skilled
in the art from the foregoing description and accompanying drawings. Hence, the present

invention is to be limited solely by the scope of the following claims.
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WHAT IS CLAIMED IS:

1. A decoder{200] for recovering K symbols, S,...Sp4k.| from an analog signal
generated by modulating M sinusoidal carriers for a frame period, each said carrier being
modulated with an amplitude proportional to the value of one of M symbols, the ith said
carrier being modulated by a signal having an amplitude determined by symbol S;, said K
symbols being a contiguous subset of said M symbols, said decoder[200] comprising: a
down-converter{201,211,202,212] for down-converting said modulated signal to generate a
down-converted signal in which said carriers corresponding to Sp,...Sp4k.) occupy frequencies
starting at baseband; an analog-digital converter{203, 213] for generating K time-domain
samples in each frame period from said down-converted signal; and a time-domain to
frequency-domain overlapped transform{221] for converting said K time-domain samples to

K frequency-domain values representing said symbols S,.....Sp+k -

2. The decoder{200] of Claim 1 wherein said down converter comprises: mixers[201,
211] for retrieving inphase and quadrature components of said analog signal; lowpass
filters[202,212]; first and second analog-to-digital converters[203,213], each said analog-to-
digital converter generating an output by sampling of said quadrature or inphase components,
respectively, at a rate of K samples per frame period; and mixing means[204, 214, 215] for

generating a real digital signal from said outputs of said analog-to-digital converters.

3. The decoder[200] of Claim 1 wherein said time-domain to frequency-domain

transform[221] is a cosine-modulated transform.

4. An encoder{300] for encoding K symbols, S;...Sk, as the amplitudes of K
sinusoidal carriers, said K sinusoidal carriers comprising a contiguous block of carriers in a
signal comprising M sinusoidal carriers in which each said carrier is modulated by a signal
having an amplitude determined by the value of one of said symbols for a time equal to one
frame period, said encoder[300] comprising: means[301] for receiving said K symbols; a
frequency-domain to time-domain overlapped transform[302,312] for generating K time-
domain samples from said K symbols, said time-domain samples representing a modulated

carrier comprising K sinusoidal carriers, each said carrier being modulated by a signal having
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an amplitude determined by the vaiue of one of said K symbols; digital to analog
converter[304, 314] for converting said K time-domain samples to an analog signal; an up-
converter[306, 316 317] for shifting the frequency of said analog signal such that the
sinusoidal carrier modulated by S; has a frequency equal to the pth said carrier of said M

sinusoidal carriers, wherein p>0.

5. The encoder[300] of Claim 4 wherein said up-converter comprises: first and
second frequency-domain to time-domain overlapped transforms{302,312] generating
inphase and quadrature components of a K-component signal, said second transform
generating a Hilbert transform of an output from said first transform; first and second digital-
to-analog converters{304, 314], said first digital to analog converter sampling said inphase
components and said second digital to analog converter sampling said quadrature
components, said first and second digital to analog converters operating at a sampling rate of
K samples per frame period, said first and second digital to analog converters generating first
and second analog signals, respectively; first and second lowpass filters[305, 315] for
filtering said first and second analog signals, respectively, to generate first and second filtered
signals, respectively; upconverters[306, 316] for shifting the frequency of said first and
second filtered signals; and signal combining means[317] for combining said shifted first and

second filtered signals for transmission over a communication link[333].

6. The encoder{300] of Claim 4 wherein said frequency-domain to time-domain

transform[302, 312] is a cosine-modulated transform.
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7. A decoder substantially as herein described and with reference to the
accompanying drawings.

8. An encoder substantially as herein described and with reference to the

5 accompanying drawings.

DATED this Twenty-sixth Day of November, 1999
Aware, Inc.
Patent Attorneys for the Applicant
SPRUSON & FERGUSON
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