
EP 0 343189 B1 Description Background of the Invention 5     The present
invention generally relates to two-way radio frequency (RF) communications,
and, more particularly, is directed to a method for reducing multipath
interference distortion in a time-division multiple access (TDMA)
communications system. Recently, there has been an increased demand for
data communications and digitally-encrypted voice communications over land
mobile radio channels. Since the radio frequency spectrum is inherently
limited, io one must devise new system concepts and organizational features
to accommodate the increased demand for mobile and portable radio
communications services. Accordingly, there has been a renewed interest in
the research and development of a variety of narrowband amplitude
modulation (AM) and frequency modulation (FM) communications systems. A
reduction in channel spacing to 12.5 kHz has been achieved through the use
of single sideband (SSB) AM 15  communications systems, e.g., Eastmond, et
al., U.S. Patent No. 4,541,118. Moreover, reduction of occupied bandwidth
to less than 6.25 kHz is feasible with linear predictive coding (LPC) voice
encoding techniques for very high frequency (VHF) FM land mobile radios,
e.g., see Carney and Linder "A Digital Mobile Radio for 5-6 kHz Channels",
IEEE International Conference on Communications, Philadelphia, PA, June
13-17, 1982. 20     Geographical co-channel reuse techniques and multiple
access schemes are also used to improve the efficiency of spectrum
utilization. For example, trunking concepts, which involve the automatic
sharing of a block of communications channels among a large number of users
have been known and used extensively in the telephone industry and in 800
MHz FM radio systems, e.g., Lynk, Jr. et al., U.S. Patent No. 4,012,597.
Moreover, cellular radiotelephone systems were developed to reuse radio
channels in a given 25 geographic area by dividing the whole coverage area
into contiguous smaller coverage areas (cells) using low power transmitters
and receivers within the cell, e.g., Cooper, et al., U.S. Patent No.
3,906,166. Trunking and cellular systems are two examples of
frequency-division multiple access (FDMA) systems. Time-division multiple
access (TDMA) is an additional method of achieving more efficient spectrum
utilization. TDMA has been used in point-to-point microwave telephone links
and in satellite communications 30 systems for some time. Unlike
high-capacity mobile radiotelephone FDMA systems wherein a large number of
users are assigned different frequency RF channels, in a TDMA system, each
user is assigned a different time slot on the same frequency channel. A
digital FDMA system offers two to three times better spectrum efficiency
than analog FM, and can also provide additional voice security and data
communications services which can co-exist with present 35 analog systems.
Nevertheless, FDMA systems exhibit several practical limitations, such as
increased equipment costs, tighter specification tolerances, increased
occurrences of intermodulation interference, and complicated channel
control. See K. Kinoshita, et al. "Digital Mobile Radio Telephone System
Using TD/FDMA Scheme", IEEE Transactions on Vehicular Technology, Vol.
VT-31 pp. 153-7, November 1982. On the other hand, TDMA systems enjoy
certain advantages over FDMA approaches. First, variable 40 data rate
transmissions are readily accommodated with TDMA systems through the use of
multiple, adjacent time slots. Second, TDMA base station transmitters allow
the use of a common power amplifier without increasing the inter-modulation
distortion present with FDMA systems. Furthermore, the size and cost of
TDMA mobile and portable transceivers can be reduced through the use of
lower speed signal processing devices, since receive and transmit bursts
appear at different points in time on the same RF 45 channel. In order to
achieve spectral efficiencies comparable to those obtainable with FDMA
systems, TDMA systems must average the required time slot separations over
many channels, i.e., at least five. For reasonable quality speech, i.e.,
data rates greater than 9.6 kbps (kilobits per second), the raw information
data rate of TDMA systems must be at least 50 kbps. Allowing a data rate
expansion factor of 2 to so accommodate channel error correction coding
methods, a data rate of at least 100 kbps is then required for a single
TDMA channel. However, multipath interference significantly limits the
maximum permissible data rate for a land mobile RF channel. Multipath
interference is usually described in terms of two effects -- Rayleigh
fading, and intersymbol interference. Rayleigh fading pertains to the
relative RF phases of the signals received over 55 various transmission
paths. Since the total receive signal is a vector sum of the individual
multipath signals received, the signal strength will exhibit large
variations depending upon the frequency, echo amplitudes, and relative
vehicle speeds. Intersymbol interference is related solely to the time
delay differences between the propagation paths as seen at the TDMA
receiver. Intersymbol interference places a limit on the 



2    EP 0 343 189 B1 maximum data rate at which digital information can be
sent, since the TDMA receiver may simultaneously be supplied with various
overlapping informational elements resulting in a smearing of the
intelligence. For land mobile radio communications, the channel delay
spread (i.e., the r.m.s. value of the time spread in received energy of a
transmitted impulse) varies from 200 nanoseconds for suburban locations to
5 microseconds for urban locations. An approximation of the transmission
rate permissible with intersymbol interference is then: maximum
transmission rate = 0.2/delay spread 10  (See W. C. Y. Lee, Mobile
Communications Engineering, New York: McGraw-Hill, 1982, p.45.) Hence, the
maximum permissible data rate for a land mobile radio channel without
encountering significant intersymbol interference degradation is in the
range of 80 kbps to 1 megabit per second (Mbps). This result limits the
number of 20 kbps time slots to a maximum of only four. Thus, in a land
mobile radio system, the significant advantages of TDMA over FDMA may never
be achieved in practice. 15     A need, therefore, exists to provide a
method and means for allowing transmission of data over land mobile radio
channels at transmission rates in excess over those normally allowed by the
multipath characteristics of the RE channel. Summary of the Invention 20
According to the present invention, an equalization circuit is provided for
reducing the multipath interference distortion in a time division multiple
access (TDMA) communication receiving station adapted to receive a
transmitted TDMA signal having a first user message time-multiplexed with
at least one other user message, said first user message having at least
one predetermined synchronization word portion inter- 25  leaved with at
least one data word portion, said equalization circuit comprising: means
for de-multiplexing said first user message form said at least one other
user message of the TDMA signal received by the receiving stations, thereby
generating a TDMA control signal; means for storing the first user message
of the TDMA signal received by the receiving station in response to said
TDMA control signal; and means for equalizing the time delay spread
characteristics of the at least one data word portion of the TDMA signal 30
received by the receiving station and stored by the means for storing
responsive to said TDMA control signal when at least a first of the at
least one predetermined synchronization word portions of said first user
message is received. The circuit may be used to provide an improved TDMA
communications system having reduced multipath interference distortion. 35
Different multipath characteristics of different users in a TDMA system may
be accommodated. The invention thus provides the means to compensate for
the multipath characteristics of a channel without exceeding the signal
processing capabilities of a mobile receiver. In the preferred embodiment,
a TDMA transmitter inserts the known synchronization word into each user
time slot to permit measurement of the time delay spread characteristics of
the RF channel without 40  having to account for channel variations over
the interval. This channel measurement technique permits adaptive
equalization in moving vehicles at moderate speeds. The present scheme also
accommodates for multiple users experiencing different multipath channel
characteristics, as would occur in a mobile TDMA system. Furthermore,
additional synchronization words, or synchronization "update" words, may be
inserted into the user's data word itself to achieve even higher data
throughput in existing TDMA systems. Still 45  further, the received data
message may be stored such that the adaptive equalization process may be
performed in non-real time (i.e., during other user's time slots), thereby
permitting the use of slower and more cost effective signal processing in
any particular transceiver. Brief Description of the Drawings 50 The
features of the present invention which are believed to be novel are set
forth with particularity in the appended claims. The invention, together
with further objects and advantages thereof, may best be understood by
reference to the following description taken in conjunction with the
accompanying drawings, in the several figures of which like-referenced
numerals identify like elements, and in which: 55    Figure 1 is a general
block diagram of a TDMA transmitting station for use with the present
invention; Figure 2 is a general block diagram of a mobile or portable TDMA
receiving station illustrating the 



adaptive equalization technique according to the present invention; 3    EP
0 343 189 B1 Figure 3a is a timing diagram illustrating the frame and slot
time relationships of the transmitted TDM signal; Figure 3b is a timing
diagram illustrating the synchronization-word/data-word format according to
the TDMA system of the preferred embodiment; 5    Figure 3c is a timing
diagram illustrating a similar sync/data format having additional
synchronization update words in the user's data field; and Figures 4a and
4b represent a detailed block diagram of the TDMA receiving station of
Figure 2. Detailed Description of the Preferred Embodiment 10 In its
simplest form, the time-division multiple access (TDMA) system of the
present invention is comprised of a transmitting station capable of
time-multiplexing messages from at least two users, and one or more
receiving stations capable of receiving at least one of the
time-multiplexed messages. As used herein, a mobile unit is defined as a
radio transceiver typically carried in vehicles; a portable unit as 15
typically carried about a person; and a base station unit as typically a
permanent or semi-permanent installation at a fixed location. Mobile units
and portable units are hereinafter collectively referred to as remote
units. Although the present invention was intended for use in a digital
cellular mobile radiotelephone system in which all stations transmit and
receive in the duplex mode, it is contemplated that receive-only or
transmit-only devices may also be readily implemented. Such receive-only
devices capable of operating in 20 the present TDMA communication system
include, but are not limited to, data display pagers, tone pagers, or
tone-and-voice pagers. For purposes of understanding the operation of the
present invention, such transmit-only and receive-only devices are
illustrated in the figures. Referring now to Figure 1, there is shown a
block diagram of TDMA transmitting station 100. Digital speech or data,
112, 122, 132, is input from a number N of users into formatter blocks 110,
120, 130, along 25 with corresponding equalizer synchronization words 115,
125, 135, respectively. Formatters 1 through N serve to interleave a
predetermined number of data bits of the input user data with one or more
of each user's appropriate equalizer synchronization word. In the preferred
embodiment, the function of formatters 110, 120, and 130 are performed in
software in a microprocessor. A representative sync word/data word
interleaving mechanism which may be utilized as formatters 110, 120, 130,
may be found in J. E. Vander 30 Mey and G. D. Forney, Jr., "Application of
LSI Microprocessors in Data Network Hardware," Proc. ICC '76, Vol. 3, pp.
48.16-19, June 14-16, 1976. The content of the synchronization word will be
further described in Figure 3b. Once each user's data is interleaved in
time with its synchronization word, each formatter outputs the combination
as a user message to TDMA controller 140 via lines 117,127, 137. TDMA
controller 140 performs the function of time-multiplexing each user message
with the other user 35  messages to form a TDMA signal. In addition, TDMA
controller 140 adds TDMA [err] signal 142 to each of the N time slots. The
output of TDMA controller at 145 is a TDMA signal consisting of a number N
of user messages as described later in Figure 3a. Again, in the preferred
embodiment, the time-multiplexing function is performed in software.
Alternatively, various hardware representations, e.g., a time-controlled
switch, may also be used. For example, an alternative time-multiplexing
implementation is described in the 40  Motorola MC14416 time slot assigner
circuit IC data sheet. The TDMA signal is then applied to transmitter 150
for RF transmission via line 155 to antenna 160. Transmitter 150 may be any
suitable transmitter compatible with the chosen system format. A mobile
transmitter which may be used in the present invention is described in
Motorola Instruction Manual 68P81070E40 entitled, "Dyna T.A.C. Cellular
Mobile Telephone". In the preferred embodiment, transmit- 45  ter 150
outputs GMSK-modulated data at 900 MHz within a 300 kHz bandwidth channel.
Figure 2 illustrates TDMA receiving station 200. The TDMA signal is
received at antenna 210 and fed to receiver 220 via line 215. Receiver 220
receives and demodulates the RF carrier in a manner compatible with the
system implementation. For example, a representative portable radio
receiver may be found in Motorola Instruction Manual 68P81071E55 entitled
"Dyna T.A.C. 8500XL Cellular Portable Telephone". so Furthermore, a
detailed block diagram of a quadrature receiver is described in Figure 4.
The received TDMA signal at 225 is then applied to data buffer 230 as well
as to TDMA controller 240. Data buffer 230 serves to store at least a
portion of a particular user message in response to control signal 



242 for further processing at a later time, which facilitates the use of
lower speed signal processing. As will be more fully described in Figure 3,
only one (or several out of many) time slots are normally received by a 55
particular receiving station. Hence, if the adaptive equalization process
is performed in non-real time, i.e., the time subsequent to the particular
user's time slot, then signal processing devices having a lower data rate
may be implemented in any particular receiving station. Data buffer 230 may
be implemented by any appropriate data storage device, such as a shift
register or random-access memory (RAM). If this "non-real 4    EP 0 343 189
B1 time processing" aspect of the present invention is not desired, data
buffer 230 would be omitted such that received TDM signal 225 would then be
routed directly to equalizer 250. TDMA controller 240 serves to
de-multiplex the received TDMA signal 225 to select one (or several out of
many) predetermined user slot of the received time slots, and hence,
selecting a particular user message 5  from other user messages. Upon
receipt of a valid TDMA [err] word in the received signal which corresponds
to the particular user's TDMA [err] signal available on line 246, TDMA
controller 240 outputs a detect clock signal on line 242 as well as a data
clock signal on line 244. Detect clock 242 serves to clock in at least the
sync word and user data word portions of the received TDMA signal during
the proper time slot into data buffer 230. Data clock 244 serves to clock
data out of buffer 230 through equalizer 250, and io out of the receiving
station as userA data at 255. Refer to Figure 4 for further details of
these clock signals. Equalizer 250 performs time-delay spread equalization
of the stored user message at 235 (or, alternatively, received TDMA signal
225), and outputs a particular user's data word at 255 without the overhead
sync words. Prior to equalization of the user data message, the equalizer
sync word portion (e.g., 332 of Figure 3b) of a particular time slot (e.g.,
312 of Figure 3a) is used to adapt the equalizer to is compensate for the
multipath characteristics of the channel. The equalizer utilizes TDMA
control signals 242 and 244 to determine precisely when to perform the
equalizer adapt function and the equalization process itself. The equalizer
is adaptive only during the time when TDMA controller 240 detects the
presence of the desired equalizer synchronization word, or during the
corresponding period of time when the data buffer is being read by the
equalizer. 20     Thus, equalizer 250 compensates for the distortions in
the received signal due to intersymbol interference and/or Rayleigh fading
by performing a continuous, detailed measurement of the multipath
characteristics using the information obtained from the equalizer sync
word, and equalizes the received signal in accordance with these
characteristics. The equalizer may be of the linear type, e.g., a
transversal filter, or of the non-linear type, e.g., a decision feedback
equalizer. A representative transversal filter 25 equalizer is described in
the article, "A Communication Technique for Multipath Channels" by R. Price
and P. E. Green, Jr., Proc. I.R.E., Vol. 46, pp. 555-70, March 1958. A
representative decision feedback equalizer is described by D. D. Falconer,
in the article entitled "Application of Passband Decision Feedback
Equalization in Two-Dimensional Data Communication Systems", IEEE
Transactions on Communications, Vol. COM-24, pp. 1159-66, October 1976.
Still further, a detailed block diagram of the equalization circuit of 30
the present embodiment is described in Figure 4b. Referring now to Figure
3a, the TDMA signal format on a single RF channel is illustrated as would
be seen at transmitting (base) station antenna 160. A TDMA signal received
by the base station would appear similar except that a guard time (336 of
Figure 3b) would probably not be used, and a slot synchronization word (331
of Figure 3b) may not be present. For N users, N time slots make up a
single frame time. This is 35  illustrated in Figure 3a as individual user
time slots 311, 312, ... 313, for [err]  ... [err] respectively. The entire
TDMA frame repeats after the N-th user, as shown by time slots 321, 322,
and 323. For an RF channel having a data rate of 300 kbps, and for a system
having ten users, a representative frame time would be 8 to 20 milliseconds
(msec), and a typical slot time would be 0.8 - 2.0 msec. Figure 3b
illustrates the synchronization/data format used in the preferred
embodiment. The six 40  information fields illustrated in Figure 3b
represent a single user time slot such as time slot 312 of Figure 3a. Each
of the six fields are described below: 1. Slot Synchronization Field 331 --
identifies the user slot number to the remote receiver. This field ensures
that each remote user receives (and transmits) in their preassigned time
slots. For example, [err] may have a slot sync number of 0010 (binary). A 4
- 16 bit field could be used in a system having 45    10 user slots per
frame. 2. Equalizer Synchronization Field 332 -- is used to train the
adaptive equalizer in the receiving station. 



This field contains a synchronization word having high auto-correlation and
low cross-correlation properties. A replica of this equalizer sync word is
stored in the respective receiving station such that a correlation to the
received equalizer sync word produces a correlation peak. This permits the
multipath 50    characteristics of the channel to be measured. The
equalizer sync field in the preferred embodiment would typically contain a
32-bit sync word. 3. Bit Synchronization Field 333 -- is used to acquire
bit or clock synchronization in the receiver. Typically, a dotting pattern,
i.e., 101010 ..., is employed. A phase-locked loop in the clock recovery
circuitry of the receiving station locks to this bit pattern to generate a
bit clock signal. Typically, the bit 55    synchronization field is 10 bits
long. 4. Frame Synchronization Field 334 -- establishes the beginning of
the user data in the individual time slot. Again, a synchronization word
having good auto-correlation/cross-correlation properties is used to
correlate with a known frame sync word stored in the receiver. Sometimes
called the unique word (UW) 5    EP 0 343189 B1 in TDMA terminology, the
frame sync field could be combined with the equalizer sync field in the
present invention. Generally, a 6 bit frame sync word is used. 5. User Data
Field 335 -- contains the user's data or digitized speech, control
information, error correction information, etc. Typically, this field
contains 100 - 300 bits of data for a 300 kbps system 5    having 10 user
time slots per frame. 6. Guard Time Field 336 -- prevents transmission
collisions between two adjacent time slot remote users. This field is
blank, i.e., contains no data, for approximately 48 bit locations, for a
300 kbps system utilized within a 15 mile radius. The guard time allows for
varying propagation delays between the transmitting site and the remote 10
receiver. Since the base site establishes all slot timing and control for
the system (i.e., serves as a master clock for all the users), the remote
users must first determine time slot boundaries through reception of base
site transmissions prior to transmitting. In other words, the start of a
received time slot is used by the mobile unit to determine when to transmit
in its assigned time slot. However, since different mobile users are not at
the same location, they may initiate transmissions at different times with
respect to the base site 15 time slot reference. This difference in
transmission initiation is directly proportional to the one-way propagation
delay time difference between the mobiles and the base site. Furthermore,
at the base site, the two mobile users are again received at different
times with respect to the base site transmission time slot reference. The
difference in time slot reception at the base site is now proportional to
the two-way propagation delay time difference between the two mobiles.
Under certain conditions, the received mobile 20 transmissions may collide
in time at the base site due to the differing propagation delays. Thus, the
insertion of a guard time between user slots prevents such collisions upon
reception at the base site. Note that guard times are only required for
base site transmissions. For further discussion of guard time requirements,
see the aforementioned Kinoshita, et al. article. Hence, guard time 336 is
designed to prevent collisions between adjacent user time slots transmitted
25 from different locations. By way of illustration, a typical radio system
might specify a maximum base-to- remote separation distance of 15 miles,
thereby requiring a guard time of: 2 x 15 mi/C = 0.16 msec 30 wherein C
equals the speed of light in miles per second (1.86 x 105 miles per
second). This translates to 48 bit positions for a 300 kbps data rate.
Note, however, that although guard time 336 is shown in Figure 3b as
occurring at the end of the time slot, identical performance may be
achieved by moving the guard time to the beginning of each time slot. The
equalizer synchronization field 332 permits operation of the TDMA system in
an environment 35 having undesirable delay spread effects. The multipath
characteristics of the channel may be assumed to be relatively constant
over a very short period of time, e.g., 0.5 msec. Utilizing this
assumption, the RF channel may be "sounded" periodically by the equalizer
synchronization word, and then used to train the adaptive equalizer to
compensate for the multipath effects. Since the remote unit's velocity
determines the range over which the RF channel may be assumed to be
relatively constant, the following relationship between data rate, user
data field length, vehicle speed, and operating frequency may be
established: Data field length (bits) = channel data rate (bps) x [A
(degrees)/360] x [C (mph)/F (Hz)] x [1/V (mph)] wherein A is the maximum
degree of phase offset which may be tolerated by the mobile user, C is the 



45 speed of light (6.696 x [err] miles per hour), F is the transmission
frequency, and V is the speed of the transmitting vehicle. For example, in
a channel having a 300 kbps data rate, a 900 MHz operating frequency, a
vehicle speed of 60 mph, and a maximum phase tolerance of [err], the user
data field must be less than 103 bits long. In many TDMA systems, this
maximum user data field length may be too short, i.e., the ratio between 50
the length of user data field 335 and the other five fields 331, 332, 333,
334, and 336, is too small. A shorter data field implies that a higher
amount of synchronization overhead is required to transmit a given amount
of data. For example, with a 300 kbps channel data rate and N = 10 users, a
103 bit user data field length, and a 100 bit overhead, the maximum user
data rate is limited to 15.2 kbps. This high overhead requirement is
undesirable in a high-capacity TDMA system, since it limits the number of
users on the 55  system. Hence, other methods must be investigated to
equalize the channel without significantly lowering the data rate. One
known method for maintaining equalization for transmission channels having
relatively constant characteristics is described by S. Qureshi, "Adaptive
Equalization", IEEE Communications Magazine, Vol. 6    EP 0 343 189 B1 20,
No. 2, pp. 9-16, March 1982. This article describes the decision-directed
equalization technique in which the received data is used to train the
equalizer during receipt of the data field. The method is somewhat
effective in maintaining equalization for channels having relatively stable
multipath characteristics. However, the technique breaks down when the RF
channel exhibits shadow fading and/or high noise conditions, 5  because the
signal 235 recovered by the receiver is purely random and thus the
decision-directed approach becomes useless. Rapid fading and severe noise
conditions are both to be expected in land/mobile radio channels. The
present invention provides an effective solution to the problem of channel
equalization under changing multipath conditions. This aspect of the
present invention is illustrated in Figure 3c, which 10 represents a
similar sync/data format as shown in Figure 3b. Figure 3c is identical to
Figure 3b with the exception that a modified equalizer synchronization
scheme is employed. Rather than repeat the entire overhead sequence
containing equalizer sync word 332, an equalizer synchronization update
field 342 has now been added between user data field 341 and 343. As the
name implies, the equalizer sync update "retrains" the adaptive equalizer
such that any changes in the multipath 15 characteristics of the channel
are properly accounted for during the transmission of the user data word.
Use of the equalizer sync update field permits the transmission of longer
user data fields without requiring retransmission of the slot sync field
331, bit sync field 333, frame sync field 334, or guard time field 336. It
should be noted that more than one synchronization update word 342 may be
interleaved with the user data to provide equalizer retraining more often
for a data field of a given length, or alternatively, to provide a 20
longer user data field. Operation of sync update field 342 is basically the
same as that of equalizer sync field 340. However, since the adaptive
equalizer has recently been trained by equalizer sync word 340, the
equalizer sync update field 342 may be shorter in length, i.e., on the
order of 8-16 bits. Using the same example of a 300 kbps channel data rate,
900 MHz operating frequency, vehicle speed of 60 mph, and maximum phase
tolerance of [err], a 16 bit synchronization update field would permit a 25
plurality of user data fields, each 103 bits long, with the same amount of
overhead. If M = 5 sync update 16 bit words are used, a user data message
having a total length of (M + 1) 103 = 618 bits may be transmitted for each
user time slot. Furthermore, if overhead fields 331-334 and 336 occupy a
total of 100 bits (as illustrated above), each user time slot would then
contain 618 + 100 + 90 = 808 bits. For a system employing 10 user time
slots, a channel data rate of 300 kbps, the user data rate is now 22.9
kbps. 30 Thus for a constant channel rate of 300 kbps and 10 users time
slots, the use of additional equalizer sync words within a time slot has
resulted in an increase in user data rates (or throughput) from 15.2 kbps
to 22.9 kbps. In contrast to the above examples, in which adaptive
equalization was employed, now consider an example of a TDMA system in
which adaptive equalization is not employed. From the equation given 35
earlier, for a 5 microsecond delay spread, the maximum data rate over the
channel is limited to 40 kbps. For a ten user system employing the slot
structure of Figure 3b less the equalizer sync, the maximum user data rate
is limited to less than 4 kbps. Hence, it can now be seen that the use of
adaptive equalization has significantly improved both the 



maximum channel data rate allowable and the data throughput rate over RF
channels experiencing changing 40 multipath characteristics. Furthermore,
it can also be appreciated that a further increase in throughput data rate
can be achieved through the use of a sync update field. Figures 4a and 4b
illustrate the TDMA receiving station of Figure 2 in more detail. Receiving
station 400 performs the functions of: receiving the TDMA signal;
correlating the received TDMA signal to the predefined TDMA synchronization
words stored in memory, and thereby de-multiplexing a particular user 45
message from the others; and equalizing the multipath characteristics of
the data word portion of the received TDMA signal in response to the
control information derived from this correlation. Furthermore, if the user
message of a particular time slot is stored in memory, the adaptive
equalization process may be performed during subsequent time slots. This
"non-real time equalization" technique gives a significant advantage to a
TDMA system, since it obviates the requirement for high speed signal
processing 50 capabilities in each TDMA receiver. More specifically, in the
example considered earlier in which 10 time slots were employed in a TDMA
system having a 300 kbps channel data rate and a single equalizer sync
word, it was shown that the maximum user data rate was 15.2 kbps for a 900
MHz operating frequency at a vehicle speed of 60 mph and with a maximum
phase tolerance of [err]. Without using a data buffer, the received signal
would need to 55 be processed at the channel rate of 300 kbps. However, by
utilizing a data buffer, a single time slot can be processed at the
significantly lower rate of 15.2 kbps. Referring now to Figure 4a, the
transmitted TDMA signal is received at antenna 402, and applied to bandpass
filter 406 via line 404. The bandpass filter provides some front-end
selectivity to prevent image 7    EP 0 343 189 B1 frequency problems as
known in the art. The RF signal at 408 is combined in mixer 410 with the
local oscillator signal at 412 which is supplied by local oscillator 414.
In practice, local oscillator 414 should be frequency-locked to the
received RF signal via an automatic frequency control (AFC) signal. The
resultant intermediate frequency (IF) signal at 416 is applied to IF block
418 to amplify the desired 5  portions of the received signal and to reject
undesired adjacent frequency signals. Note that IF block 418 utilizes
automatic gain control (AGC) such that the subsequent signal levels are
compatible with later-used devices, i.e., such that the signal levels
present at lines 426 and 446 fall within the dynamic range of A/D
converters 428 and 448. The output signal of IF block 418 is then applied
to mixers 420 and 440 to convert the IF signal at 419 10 to baseband in a
quadrature fashion. Quadrature mixing is necessary to preserve both the
in-phase (I) and the quadrature-phase (Q) components of the complex
received signal. To achieve quadrature mixing, the IF signal is mixed with
a cosine signal cos ( t + 0) at the IF frequency [err] to derive the
in-phase (I) quadrature signal at 422, and mixed with a sine signal sin ( t
+ 0) at the IF frequency [err] to produce the quadrature- phase (Q) signal
at 442. 15     Lowpass filters 424 and 444 serve two functions. First, the
lowpass filters remove the double-IF frequency component (2 x [err]) of the
output of mixers 420 and 440. secondly, the lowpass filters act as anti-
aliasing filters for proper analog-to-digital conversion. The filtered I
and Q signals at 426 and 446 are then applied to analog-to-digital
converters 428 and 448, respectively. The sampling rate for the A/D
converters is determined by the system timing controller 470 of Figure 4b,
and is illustrated as the bit clock signal. The 20 sampling rate is a
multiple (typically 1-8 times) of the channel baud rate. The digital signal
outputs of the A/D converters at 430 and 450, respectively, are applied to
in-phase (I) time slot correlator 432 and quadrature (Q) correlator 452,
respectively, as well as to their respective signal buffers. I correlator
432 performs a correlation function between all received bits of the input
signal and a pre-loaded synchronization word (I sync word) corresponding to
the in-phase time slot sync word 331 of 25 Figure 3b for the particular
time slot. TDMA sync word memory 500 contains the predetermined in-phase
(I) time-slot sync word and the quadrature-phase (Q) sync word for the
particular user. In practice, a digital correlator such as the IMS Al 00
Cascadable Signal Processor available from Inmos Corp. could be used to
perform the correlation function. Output 434 of I correlator 432 is a
digital bit stream representing the sample-by-sample correlation S(n) 30 of
the incoming data R(k) with the stored synchronization word replica [err]
at 430 for time slot (i). The correlation relationship is given by: M-1 



[err] where M is the length of the time-slot identifier in bits. The
correlation S(n) function exhibits a peak when 40  the I sync word for the
i-th time-slot is located in the received sample data. In the same way, Q
correlator 462 performs a correlation function between the pre-stored
quadrature Q sync word for the i-th time slot from memory 500 and the
sampled quadrature (Q) input 450. Correlation outputs 434 and 454 are
applied to squaring blocks 436 and 456, respectively. The squaring block
output signals at 438 and 458 represent the squared values of the separate
I and Q correlation 45 operations respectively. These squaring block
outputs are then applied to summing block 460. The I and Q correlation
signals are summed together to form a squared envelope signal which
represents the sum of squares of the correlation signal. The squared
envelope of the correlation signal makes an explicit determination of the
phase ambiguity unnecessary. Thus, without resolving any ambiguity, a large
amplitude signal on line 462 represents a possible start location for a
particular time slot. so     The output 462 of summing block 460 is then
routed to time slot detector 464, wherein the summed correlation signal is
compared with a predetermined threshold value. This threshold value
represents the minimum allowable correlation value which would represent a
detected time slot. If the summed output is greater than the threshold
value, a time slot detect signal is generated at 468 and applied to system
timing controller 470. A representative device which would function as
detector 464 would be a comparator such 55  as a Motorola MC74L5684 8-bit
magnitude comparator IC. Timing controller 470 functions as a phase-locked
loop (PLL), using a stable timing reference to validate the time slot
detect signal. Since noise may generate false time slot detect signals, the
system timing controller opens a window only at preselected times so as to
reject erroneous detect signals which are not 8    EP 0 343 189 B1 spaced
at one frame-time apart. Hence, a validated detect signal is output from
the timing controller at 472. Timing controller 470 also generates a bit
clock signal, which is phase-locked to the transmitted bit rate of the
channel; as well as a data clock signal, for clocking data out of the
signal buffer at a lower rate which is a function of the number N of users.
The validated i-th time slot detect signal at 472 is then applied to AND 5
gate 474 along with the bit clock output. AND'ing these two signals serves
to generate an enabled clock signal which is used to clock data into the
signal buffer during the i-th time slot. The combined time slot detect/bit
clock signal at 476 is then routed to the I and Q signal buffers 480 and
490, respectively. Three basic equalization modes of the TDMA receiving
station are contemplated. In order to receive multiple time slots per
frame, it is necessary that the hardware be operated at the full channel
data rate, i.e., 10 300 kbps. This first equalization mode would typically
be used at the base station receiver to simultaneously receive all user
time slots in a TDMA frame. In this mode, data buffers would not generally
be used, since the signal processing is normally performed in real time. It
is contemplated, however, that a base site TDMA receiver may utilize the
present data buffer technique if it is compatible with system requirements.
For example, the technique may be used with multiple digital signal
processors, each of which is used to 15 process one time slot per frame. On
the other hand, if the system permits each user to receive only one time
slot of each TDMA frame, the data buffers would advantageously be used to
store the incoming TDM signal, such that the adaptive equalization signal
processing can take place in non-real time. This system format is typical
of a remote TDMA station receiver, wherein the i-th user is only receiving
his individual message. Storing the received 20 user message permits the
signal processing tasks of equalizer training and/or equalization to be
spread over all N user time slots in the TDMA frame. Hence, it is no longer
necessary that the receiving station hardware be operated at the full
channel data rate. Two additional equalization modes are possible using the
data buffering technique of the present invention: both adaptation and
equalization in non-real time; and only equalization in non-real time. 25
In the embodiment shown in Figure 4, both the adaptation and equalization
steps are performed during subsequent time slots. Accordingly, I and Q
digital output signals 430 and 450 from the A/D converters are clocked into
the appropriate data buffers using the combined detect/bit clock signal at
476. Signal buffers 480 and 490 function as dual-port random-access-memory
(RAM) which allows simultaneous reading and writing of data at two
different RAM locations. An example of such a RAM is the IDT7130S CMOS
Dual-Port 30 RAM manufactured by Integrated Device Technology, Inc. The use
of such a buffer permits the writing (inputting) of the received time slot
TDMA data at the actual channel data rate, while simultaneously reading 



(outputting) the received time slot data at the data clock rate, which is
typically lower. The signal buffers store at least the data portion and
equalizer synchronization portion of the incoming user message during the
time detect signal 476 is active. Hence, both functions of adaptation
(equalizer training) and actual 35 equalization can be performed in
non-real time equalization during subsequent user time slots. Performing
both functions in non-real time permits a further reduction in the
processing rate required. In a different TDMA system, it may prove
desirable to perform only the equalization function in non-real time.
Equalization-only in non-real time requires that I and Q signal 430 and 450
be fed to the transversal filter 502 inputs as well as to data buffers 480
and 490 as shown in Figure 4b. In that case, signal buffers 40  480 and 490
store the received data portion of the incoming user message for non-real
time equalization, while the equalizer adaptation function is performed
upon receipt of the received TDMA signal in real time. The TDMA receiver
described herein employs a baseband synchronous decision feedback equalizer
(DFE). This type of channel equalization has been successfully utilized on
high frequency RF channels experiencing severe amplitude distortion and
multipath fading. In a DFE, in-band spectral nulls do not result 45 in
noise enhancement by the equalizer, as opposed to the linear equalization
(transversal filter) technique. A DFE having T-spaced taps may also be
implemented as having fractionally-spaced taps in which multiple samples
per bit time are employed in the equalization process. However, this latter
scheme requires an increase in computation rate directly proportional to
the number of samples per bit. The DFE basically consists of two parts: a
forward linear transversal filter 502 and a feedback linear so transversal
filter 550. As described below, the forward filter attempts to minimize the
mean-square-error (MSE) due to intersymbol interference (ISI), while the
feedback filter attempts to remove the ISI due to previously detected
symbols. (Refer to the previously cited article by Qureshi, p. 13, for
further understand- ing of MSE and ISI.) As an alternative, the equalizer
may employ a zero-forcing algorithm to adjust the adaptive coefficients.
This latter approach offers faster adaptation of the filter coefficients at
the expense of 55 a higher MSE (due to noise) at low signal-to-noise
ratios. An example of a complex baseband DFE employing the zero-forcing
algorithm is described in the article by C. F. Weaver and D. P. Taylor,
"The Implementation of Adaptive Decision Feedback Equalization of Multipath
Distortion in Microwave Radio", IEEE Global Communication Conference, pp.
48.2.1-2.5, December 1984. 9    EP 0 343 189 B1 The decision feedback
equalizer structure is adapted at least once each time slot during receipt
of the equalizer synchronization word in order to compensate for the
effects of the time-varying multipath profile. Adaptation consists of
minimizing the MSE differences between the received synchronization word
and a replica of the transmitted synchronization word which is stored in
the receiver. Two basic approaches may 5  be implemented to adjust the DFE
filter taps so as to minimize the MSE. The first method, the matrix (or
block mode) approach, is described in the article entitled, "Theory of
Minimum Mean-Square-Error QAM Systems Employing Decision Feedback
Equalization," Bell System Technical Journal, Vol. 52, No. 10, pp. 1821-49,
December 1973, by D. D. Falconer and G. H. Foschini. However, the matrix
approach is considerably more complex than the approach used in the
preferred embodiment. This second approach, 10 called the least mean square
(LMS) method, is described below in terms of Figure 4b. The function of
forward transversal filter 502 may be described by the equation: [err]
where Q(n) is the complex output of the filter at 506, X is the number of
filter coefficients of filter 502, W(k) 20 is the k-th complex filter
coefficient, and R(n) is the complex input signal 485 and 495 available
from the signal buffers. Forward transversal filter 502 is updated using
the LMS update technique per the equation: [err] 26 wherein [err] is the
adaptation coefficient of forward transversal filter 502, and E(n) is the
error signal 504. Multiplication block 510 serves as a phase rotation
described by the equation: [err] 30 wherein Z(n) is the complex
phase-rotated signal at 515 rotated by the phase 0 at 508. The phase 508 is
updated by the equation: [err] wherein [err] is the phase rotation factor,
and a is the phase adaptation constant. Summation block 520 performs the
function of subtracting feedback signal 555 from the forward (phase-
rotated) signal at 515. The function of feedback transversal filter 550 may
be described by the equation: 



45                                          [err] 50 wherein D(n) is the
feedback signal 555, Y is the number of filter coefficients of filter 550,
A(n) is the quantizer output 545, and B(k) are the complex feedback filter
coefficients, which are updated by the equation: [err] wherein y is the
feedback transversal filter adaptation coefficient. 10    EP 0 343 189 B1
The output 525 of summation network 520 is the equalized complex signal
C(n), which is applied to quantizer block 540 and summation network 530.
Block 540 serves to quantize the complex data values into binary values
representative of digital bits 0 or 1 for each of the I and Q channels.
Summation network 530 is used to derive E(n), the complex error signal
available at 504, by the equation: 5              [err] wherein C(n) is the
equalized complex signal 525, and F(n) is the complex representation of the
in-phase and quadrature synchronization words available from equalizer sync
word memory 570. to    The equalized and quantized complex data at 545 is
then applied to multiplexer 560 for 2:1 multiplexing together and output as
an output data word at 565. The 2-to-1 multiplexing is necessary for the
quadrature correlation/equalization scheme used in the preferred
embodiment. Multiplexer 560 utilizes the data clock signal available from
timing controller 470 for this task. In the alternative embodiment
described above wherein signal buffers 480 and 490 are not used, an
optional data buffer may be added to the data output at 15 565 to perform
the data rate changing function. In review, method and means have been
shown for allowing RF land/mobile data communications at transmission rates
in excess of those normally allowed by the multipath characteristics of the
channel. According to the present invention, the transmitting station of
the TDMA communication system formats the user's data such that the
receiving station can equalize the time delay spread characteristics of the
data 20 word portion of the message each time the equalizer sync word
portion of the data message is received in each user time slot. According
to another aspect of the invention, it has been shown that additional
equalizer synchronization update words may be inserted into the user's data
word itself to achieve an even higher data throughput, such that the
receiving station equalizes the data message more than once per user time
slot. According to a further aspect of the present invention, a data buffer
is utilized to store the first 25 user message portion of the received TDMA
signal such that the adaptive equalization process may be performed in
non-real time, i.e., the time subsequent to the actual reception of the
user message portion of the transmitted TDMA signal. While only particular
embodiments of the invention have been shown and described herein, it will
be obvious that further modifications may be made without departing from
the invention in its broader aspects. 30 For example, in an alternative
system, an analog correlation scheme may be employed. In that case, I and Q
correlators 432 and 452 would be replaced by analog correlators employing,
for example, surface acoustic wave (SAW) technology as described by M. G.
Unkauf, "Surface Wave Devices in Spread Spectrum Systems," Surface Wave
Filters, H. Matthews, Editor, New York, Wiley, 1977. In the analog
correlation scheme, quadrature signals I and Q at 426 and 446 are applied
directly to the correlators without 35  prior analog-to-digital conversion.
Similarly, elements 436, 456, 460 and 464, would be implemented in an
analog fashion. Claims 40  1. An equalization circuit for reducing the
multipath interference distortion in a time division multiple access (TDMA)
communication receiving station (200; 400) adapted to receive a transmitted
TDMA signal having a first user message time-multiplexed with at least one
other user message, said first user message having at least one
predetermined synchronization word portion interleaved with at least one
data word portion, said equalization circuit comprising: 45        means
for de-multiplexing (240) said first user message from said at least one
other user message of the TDMA signal received by the receiving station,
thereby generating a TDMA control signal (240; 242); means for storing
(230; 480, 490) the first user message of the TDMA signal received by the
receiving station in response to said TDMA control signal (240); and 



50         means for equalizing (250; 502, 504) the time delay spread
characteristics of the at least one data word portion of the TDMA signal
received by the receiving station and stored by the means for storing (230;
480, 490) responsive to said TDMA control signal (242) when at least a
first of the at least one predetermined synchronization word portions of
said first user message is received. 55  2. The equalization circuit
according to claim 1, wherein said means for equalizing (250; 502, 504)
includes means for adapting the time delay spread parameters of the means
for equalizing in response to the reception of each of said at least one
predetermined synchronization word portions of the first user message. 11
The output 525 of summation network 520 is the equalized complex signal
C(n), which is applied to quantizer block 540 and summation network 530.
Block 540 serves to quantize the complex data values into binary values
representative of digital bits 0 or 1 for each of the I and Q channels.
Summation network 530 is used to derive E(n), the complex error signal
available at 504, by the equation: 5 E(n) = C(n)-F(n) wherein C(n) is the
equalized complex signal 525, and F(n) is the complex representation of the
in-phase and quadrature synchronization words available from equalizer sync
word memory 570. 10     The equalized and quantized complex data at 545 is
then applied to multiplexer 560 for 2:1 multiplexing together and output as
an output data word at 565. The 2-to-1 multiplexing is necessary for the
quadrature correlation/equalization scheme used in the preferred
embodiment. Multiplexer 560 utilizes the data clock signal available from
timing controller 470 for this task. In the alternative embodiment
described above wherein signal buffers 480 and 490 are not used, an
optional data buffer may be added to the data output at is 565 to perform
the data rate changing function. In review, method and means have been
shown for allowing RF land/mobile data communications at transmission rates
in excess of those normally allowed by the multipath characteristics of the
channel. According to the present invention, the transmitting station of
the TDMA communication system formats the user's data such that the
receiving station can equalize the time delay spread characteristics of the
data 20 word portion of the message each time the equalizer sync word
portion of the data message is received in each user time slot. According
to another aspect of the invention, it has been shown that additional
equalizer synchronization update words may be inserted into the user's data
word itself to achieve an even higher data throughput, such that the
receiving station equalizes the data message more than once per user time
slot. According to a further aspect of the present invention, a data buffer
is utilized to store the first 25  user message portion of the received
TDMA signal such that the adaptive equalization process may be performed in
non-real time, i.e., the time subsequent to the actual reception of the
user message portion of the transmitted TDMA signal. While only particular
embodiments of the invention have been shown and described herein, it will
be obvious that further modifications may be made without departing from
the invention in its broader aspects. 30  For example, in an alternative
system, an analog correlation scheme may be employed. In that case, I and Q
correlators 432 and 452 would be replaced by analog correlators employing,
for example, surface acoustic wave (SAW) technology as described by M. G.
Unkauf, "Surface Wave Devices in Spread Spectrum Systems," Surface Wave
Filters, H. Matthews, Editor, New York, Wiley, 1977. In the analog
correlation scheme, quadrature signals I and Q at 426 and 446 are applied
directly to the correlators without 35  prior analog-to-digital conversion.
Similarly, elements 436, 456, 460 and 464, would be implemented in an
analog fashion. Claims 40  1. An equalization circuit for reducing the
multipath interference distortion in a time division multiple access (TDMA)
communication receiving station (200; 400) adapted to receive a transmitted
TDMA signal having a first user message time-multiplexed with at least one
other user message, said first user message having at least one
predetermined synchronization word portion interleaved with at least one
data word portion, said equalization circuit comprising: 45         means
for de-multiplexing (240) said first user message from said at least one
other user message of the TDMA signal received by the receiving station,
thereby generating a TDMA control signal (240; 242); means for storing
(230; 480, 490) the first user message of the TDMA signal received by the 



receiving station in response to said TDMA control signal (240); and 50
means for equalizing (250; 502, 504) the time delay spread characteristics
of the at least one data word portion of the TDMA signal received by the
receiving station and stored by the means for storing (230; 480, 490)
responsive to said TDMA control signal (242) when at least a first of the
at least one predetermined synchronization word portions of said first user
message is received. 55  2. The equalization circuit according to claim 1,
wherein said means for equalizing (250; 502, 504) includes means for
adapting the time delay spread parameters of the means for equalizing in
response to the reception of each of said at least one predetermined
synchronization word portions of the first user message.    EP 0 343 189 B1
3. The equalization circuit according to claim 3, wherein said means for
equalizing (250; 502, 504) equalizes the time delay spread characteristics
of the at least one data word portion of the first user message stored by
said means for storing (230; 480, 490) at least during the time subsequent
to receiving said first user message portion of TDMA signal received by the
receiving station (200; 400). 5 4. The equalization circuit according to
claim 3, wherein said means for equalizing (250; 502, 504) performs both
adaptation and equalization functions at least during the time subsequent
to receiving said first user message of the TDMA signal received by the
receiving station (200; 400). 10  5. The equalization circuit according to
claim 1, wherein predetermined synchronization word portions of the at
least one predetermined synchronization word portion subsequent to the
first synchronization word portion are comprised of a word-portion length
of a fewer number of bits than a corresponding word-portion length of the
first predetermined synchronization word portion, said subsequent predeter-
mined synchronization word portions functioning as synchronization update
word portions. 15 6. The equalization circuit according to claim 5, wherein
said synchronization update word portions exhibit word-portion lengths of
less than one-half the word-portion lengths of said predetermined
synchroniza- tion word portion. 20  7. The equalization circuit according
to claim 1 further comprising means for storing (500) at least one
predefined synchronization word portion. 8. The equalization circuit
according to claim 7 wherein said means for equalising further comprise
means for correlating (432, 452) the at least one predetermined
synchronization word portion of the TDMA 25     signal received by the
receiving station with the at least one predefined synchronization word
portion stored by said means for storing the at least one predefined
synchronization word portion. 9. A time division multiple access
communication receiver station (200); (400) adapted to receive a
transmitted TDMA signal having a first user message time-multiplexed with
at least one other user 30     message, comprising the equalization circuit
of any one of the preceding claims arranged to equalize the time delay
spread characteristics of the at least one data word portion of the TDMA
signal received by the receiving station. PatentansprLiche 35 1.
Entzerrer-Schaltung zur Herabsetzung der Mehrwege-lnterferenz-Verzerrung
bei elner Zeitmultiplex- (TDMA)-Nachrichtenempfangsstation (200; 400), die
ausgelegt ist, ein gesendetes TDMA-Signal mit einer ersten User-Botschaft
zu empfangen, die mit mindestens einer anderen Uer-Botschaft zeitmulti-
plexiert ist, wobel die erste User-Botschaft mindestens einen vorbestimmten
Synchronisierungswort- ~'~40      Abschnitt besitzt, der mit mindestens
einem Datenwort-Abschnitt verschachtelt ist, und die Entzerrer- Schaltung
umfafit: Demultiplexierungs-Mittel (240) far die erste User-Botschaft von
der mindestens einen anderen User- Botschaft des durch die Empfangsstation
empfangenen TDMA-Signals, wodurch ein TDMA-Steuersi- gnal (240; 242)
erzeugt wird; 45     Speichermittel (230; 480; 490) fOr die erste
User-Botschaft des durch die Empfangsstation empfange- nen TDMA-Signals in
Reaktion auf das TDMA-Steuersignal (240); und Mittel (250; 502, 504) zum
Entzerren fOr die Zeitverzogerungs-Verteilungs-Charakteristiken des minde-
stens einen Datenwortabschnitts des durch die empfangende Station
empfangenen TDMA-Signals, das durch die Speichermittel (230; 480, 490) in
Reaktion auf das TDMA-Steuersignal (242) gespeichert ist, 



50     wenn mindestens sin erster der mindestens einen vorbestimmten
Synchronisierungswort-Abschnitte der ersten User-Botschaft empfangen ist.
2. Entzerrer-Schaltung nach Anspruch 1, bei der das Mittel (250; 502, 504)
Mittel zum Entzerren enthiilt, um die Zeitverz6gerungs-Verteilungsparameter
des Mittels zum Entzerren in Reakilon auf den Empfang 65     jedes des
mindestens einen vorbestimmten Synchronisierungswort-Abschnitts der ersten
User-Bot- schaft zu adaptieren. 12    EP 0 343 189 B1               I
I!II1j111111 IlIJI 11111 III * C   L  M4  S 3. Entzerrer-Schaltung nach
Anspruch 3, bei der das Mittel (250; 502, 504) zum  Entzerren die
Zeitverzogerungs-Verteilungs-Charakteristiken des mindestens einen
Datenwort-Abschnitts der ersten durch das Mittel (223; 480, 490) zum
Speichern gespeicherten User-Botschaft entzerrt, mindestens wahrend der auf
den Empfang des ersten User-Botschafts-Abschnitts des durch die empfangende
6      Station (200; 400) empfangenen TDMA-Signals folgenden Zeit. 4.
Entzerrer-Schaltung nach Anspruch 3, bei der das Mittel (250; 502, 504) zum
Entzerren sowohl Adaptions- wie auch Entzerrer-Funktionen ausfUhrt,
mindestens wahrend der auf den Empfang der ersten User-Botschaft durch die
empfangende Station (200; 400) empfangenen TDMA-Signals folgen- 10     den
Zeit. 5. Entzerrer-Schaltung nach Anspruch 1, bei der vorbestimmte
Synchronisierungswort-Abschnitte des mindestens   einen   vorbestimmten
Synchronisierungswort-Abschnitts  nach   dem   ersten
Synchronisierungswort-Abschnitt zusammengesetzt sind aus einer
Wortabschnittslange mit einer gerin- 15     geren Anzahl von Bits als eine
entsprechende Wortabschnittslange des ersten vorbestimmten
Synchronisierungswort-Abschnitts, wobei die nachfolgenden vorbestimmten
Synchronisierungswort-Ab- schnitte als
Synchronisierungs-Aktualisierungs-Wortabschnitte funktionieren. &
Entzerrer-Schaltung nach Anspruch 5, bei der die
Synchronisierungs-Aktualisierungs-Wortabschnftte 20     Wortabschnittlangen
von weniger als einer Halfte der Wortabschnittlangen des vorbestimmten
Synchronisierungswort-Abschnitts aufweisen. 7. Entzerrer-Schaltung nach
Anspruch 1, die weiter umfal3t Mittel (500) zum Speichern mindestens eines
vordefinierten Synchronisierungswort-Abschnitts. 25 &  Entzerrer-Schaltung
nach Anspruch 7, beo der das Mittel zum Entzerren welter umfaBt Mittel
(432, 452) zum Korrelieren des mindestens einen vorbestimmten
Synchronisierungswort-Abschnitts des durch die empfangende Station
empfangenen TDMA-Signals mit dem mindestens einen durch das Mittel zum
Speichern des mindestens einen vordefinierten
Synchronisierungswort-Abschnitts gespeicherten vorde- 30     finierten
Synchronisierungswort-Abschnitt. 8.
Zeitmultiplexier-Nachrichtenverbindungs-Empfangsstation (200; 400),
ausgelegt zum Empfang eines gesendeten TDMA-Signals mit einer ersten
User-Botschaft, die mit mindestens einer anderen User- Botschaft
zeitmultiplexiert ist, welche Station umfal3t eine Entzerrer-Schaltung nach
einem der vorange- 36     henden Ansprache, die zum Entzerren der
Zeitverz6gerungs-Verteilungs-Charakteristiken des minde- stens einen
Datenwortabschnitts des durch die empfangende Station empfangenen
TDMA-Slgnals eingerichtet ist. Revendicatlons 40 1. Circuit d'6galisation
pour reduire la distorsion d'interf6rence multivoie dans une station de
rdception de communication a accbs par multiplexage par repartition
temporelle (TDMA) (200 ; 400) congue pour recevoir un signal TDMA 6mis
comportant un premier message utilisateur multiplexe temporellement avec au
moins un autre message utilisateur, ledit premier message utilisateur
comportant au moins une 45     partie de mot de synchronisation
pr6determin6e entrelac6e avec au moins une partie de mot de donnees, ledit
circuit d'6galisation comprenant: un moyen pour demultiplexer (240) ledit
premier message utilisateur a partir dudit au moins un autre message
utilisateur du signal TDMA regu par la station de reception, d'oO la
generation d'un signal de commands TDMA (240; 242); 50         un moyon
pour stocker (230; 480, 490) le premier message utilisateur du signal TDMA
regu par la station de r6ception en r6ponse audit signal de commande TDMA
(240); et 



un moyen pour 6galiser (250 ; 502, 504) la caracteristique d'6talement de
retard temporel d'au moins une partie de mot de donndes du signal TDMA regu
par la station de reception et stocke par le moyen de stockage (230 ; 480,
490) sensible audit signal de commande TDMA (242) lorsqu'au moins 55
une premibre des au moins certaines parties de mot de synchronisation
pr6determinees dudit premier message utilisateur est regue. 13    EP
1 343 189 B111111111111111111 1111111 lii * C   L  M S * 2. Circuit
d'6galisation selon la revendication 1, dans lequel ledit moyan
d'egalisation (250; 502, 504) inclut un moyen pour adapter les parametres
d'etalement de retard temporel du moyen d'egalisation en reponse a la
reception de chacune desdites au moins certaines parties de mot de
synchronisation pred6terminees du premier message utilisateur. K'  .&
Circuit d'dgalisation selon la revendication 2, dans lequel ledit moyen
d'dgalisation (250 ; 502, 504) 4galise la caract~ristique d'6talement de
retard temporol de l'au moins une partie de mot de donnees du premier
message utilisateur stock6 par ledit moyen de stockage (230; 480, 490) au
moins pendant la duree qui suit la r6ception de ladite premibre partie de
message utilisateur de signal TDMA regue to     par la station de r6ception
(200 ; 400). 4. Circuit d'egalisation selon la revendication 3, dans lequel
ledit moyen d'egalisation (250 ; 502, 504) rdalise & la fois los fonctions
d'adaptation et d'6galisation au moins pendant la duree qui suit la
reception dudit premier message utilisateur du signal TDMA regu par la
station de reception (200 15     400). 5. Circuit d'egalisation selon la
revendication 1, dans lequel des parties de mot de synchronisation
pred6termin6es d'au moins une partie de mot de synchronisation
pr6determinee qui suit la premibre partie de mot de synchronisation sont
constituees par une longueur de partie de mot d'un nombre de 20     bits
plus faible qu'une longueur de partie de mot correspondante de la premiere
partie de mot de K-'     synchronisation pr6d6terminee, lesdites parties de
mot de synchronisation pr6d6termin6es suivantes jouant le r8le de parties
de mot de mise a jour de synchronisation. 8. Circuit d'egalisation selon la
revendication 5, dans lequel lesdites parties de mot de mise a jour de 25
synchronisation pr6sentent des longueurs de partie de mot de moins d'une
moitie des longueurs de parte de mot de ladite partie de mot de
synchronisation pr6d6termin6e. 7. Circuit d'egalisation selon la
revendication 1, comprenant en outre un moyen de stockage (500) pour
stocker au moins une partie de mot de synchronisation predefinie. 30 &
Circuit d'6galisation selon la revendication 7, dans lequel ledit moyen
d'6galisation comprend en outre un moyen pour corr6ler (432, 452) I'au
moins une partie de mot de synchronisation predeterminde du signal TDMA
regu par la station de reception avec au moins une partie de mot de
synchronisation pred6finie stock6e par ledit moyen de stockage de l'au
moins une partie de mot de synchronisation 35     predefinie. 9. Station de
recepteur de communication & accbs par multiplexage par r6partition
temporelle (200 ; 400) congue pour recovoir un signal TDMA emis comportant
un premier message utilisateur multiplexe temporellement avec au moins un
autre message utilisateur, comprenant le circuit d'6galisation selon i-~40
I'une quelconque des revendications precedentes agenc6 pour egaliser la
caracteristique d'4talement de retard temporol de l'au moins une partie de
mot de donn6es du signal TDMA regu par la station de reception. 46 50 56 14


