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Description

Background of the Invention

[0001] This invention relates generally to two-way ra-
dio communication and more particularly to time division
multiplexed (TDM) digital communication and is more
particularly directed to a method and apparatus for con-
trolling a TDM communication device to efficiently utilize
the frequency spectrum.
[0002] Those skilled in the art will appreciate the con-
gested and crowded nature of the available frequency
spectrum. The Federal Communication Commission
(FCC) have continually sought ways to reallocate the
available spectrum or assign previously reserved spec-
trum to relieve this congestion. This condition is partic-
ularly noticeable in metropolitan areas where a large
number of radio users are concentrated in a small geo-
graphic area. One proposal the FCC is considering is
sharing a portion of the UHF television spectrum with
the land mobile market (FCC docket 85-172). Another
consideration is the reallocation of the land mobile re-
serve frequencies in the 896-902 mHz region to private
land mobile uses (FCC docket 84-1233).
[0003] Another alternative for the FCC is to redefine
the standard for land mobile communication channels.
Currently, the standard for land mobile communication
is a channel having a bandwidth of 25 kHz. However,
the FCC may redefine this standard to use 12.5 kHz (or
possibly 15 kHz) channels. The theory behind this
"band-split" is to effectively double the number of chan-
nels in any newly allocated frequency spectrum. Poten-
tially, as "older" spectrum is reallocated, all communica-
tions equipment will be required to operate in the 12.5
kHz channel bandwidth.
[0004] Although facially attractive, a band-split to dou-
ble the available number of channels is not without cost.
Present day communication devices operate with a suf-
ficient frequency guard-band that protects against adja-
cent-channel interference (given the frequency stability
of the transmitters). Of course, the band-split would also
reduce the frequency guard-band tending to lead to
higher adjacent-channel interference. Even assuming a
greater than a two-to-one improvement in transmitter
frequency stability, and high selectivity crystal filters for
the receivers, adjacent-channel performance may be
degraded by a band-split. Thus, there exists substantial
technological barriers that must be overcome to provide
a radio with comparable performance specifications at
a competitive cost in the marketplace. Therefore, a sub-
stantial need exists in the market to develop a commu-
nication system that will provide an increase in the
number of available communication channels that is
compatible with present day 25 kHz channel band-
widths.
[0005] Those skilled in the art can appreciate that hu-
man speech contains a large amount of redundant in-
formation. To most efficiently utilize the frequency spec-

trum it is desirable to remove as much of the redundant
information as possible prior to transmission. The mes-
sage is then reconstructed at the receiving end from the
transmitted essential speech information. Speech pro-
duction can be modelled as an excitation signal (i.e., air
from the lungs) driving a filter (the vocal tract), which
possesses a certain resonant structure. The spoken
sound changes with time since the filter varies with time.
The excitation is noise-like for unvoiced sounds (i.e.,
consonants) and appears as a periodic excitation for
voiced sounds (for example vowels). Therefore, to re-
duce the amount of bandwidth required to send a voiced
signal, the spectral characteristics of the signal must be
analysed and the nature of the excitation signal must be
determined.
[0006] Prior communication systems have employed
speech digitation techniques such as pulse code mod-
ulation (PCM) or continuously variable slope delta
(CVSD) modulation to attempt to replicate the time
waveforms of the speech signals. However, these tech-
niques suffer the detriment of requiring data rates from
12 kbps to 64 kbps. The current state of the art in land
mobile communications is a data rate of 12 kbps to 16
kbps on a 25 kHz channel. This allows the transmission
of one voice signal using CVSD. Those skilled in the art
will appreciate that the combination of more efficient
voice coding (for example coding in the range of 2.4 kb-
ps to 9.6 kbps) and more efficient data transmission (18
kbps to 24 kbps on a 25 kHz channel) would allow the
transmission of two or more voice signals in 25 kHz of
frequency spectrum.
[0007] The paper NEC Research and Development
No. 76, January 1985 describes a digital radio concen-
trator system employing terrestrial digital time division
multiple access technology. Speech is encoded into dig-
ital form using a 32 kbit ADPCM CODEC. Each frame
of encoded speech is inserted into an allocated time slot.
[0008] In the field of data communication generally,
European Patent Application EP-A-0138365 describes
a time division multi-access radio communications sys-
tem in which a number of outstations use a single node
as an intermediate for communications. That document
describes a manner of controlling and synchronising
traffic bursts between the node and the outstations.
[0009] International patent application WO-A-
84/00655 describes a data communication system
which supersedes a known voice system by enhancing
the system for the communication of data. The system
described, incidentally, uses a code to unmute a
processing path in a particular radio.
[0010] It would be desirable to provide a more versa-
tile communication system than is described in the prior
art, serving the different needs of different users.

Summary of the Invention

[0011] According to a first aspect of the present inven-
tion there is provided a time division multiplex radio com-
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munication system having communications apparatus
and comprising means for vocoding speech at a first rate
and communicating over a radio channel with a first con-
mnunications apparatus through a first subset of time
slots in a given set of time slots, the time division multi-
plex communications system characterized by: means
for vocoding speech at a second, higher, rate and com-
municating over the radio channel with a second com-
munications apparatus through a second subset of time
slots in such a set of time slots, wherein the second sub-
set comprises more time slots than the first subset.
[0012] In a second aspect of the present invention
there is provided a method for controlling communica-
tions between plural communication apparatuses of a
time division multiplex radio communication system, the
method comprising vocoding speech at a first rate and
communicating over a radio channel with a first commu-
nications apparatus through a first subset of time slots
in a given set of time slots, characterized by the steps
of: vocoding voice signals at a second rate, higher than
the first rate, and communicating over the radio channel
with a second communication apparatus through a sec-
ond subset of time slots in such a set of time slots,
wherein the second subset comprises more time slots
that the first subset.
[0013] The present invention splits the time among
users according to the fraction of the channel bit rate
required for a voice signal and according to the number
of time slots (and hence the speech quality and air-time
billing rate) required by each user. The method has the
advantage of allowing splitting (in time) as often as
needed to take full advantage of advances in the state-
of-the-art of coding and data transmission.
[0014] The present invention employs vo-coding of
the voice signal. As used herein, vo-coding means the
analysis and synthesis of voice, which either utilizes a
vocal track model, or quantizes sub-bands of a speech
waveform to remove redundant speech information
thereby enabling the transmission of the required voice
information in a reduced bandwidth.
[0015] An example of a vo-coder employing a vocal
track model is a linear predictive coder (LPC). An LPC
analyser typically operates on blocks of digitized voice,
determining the model parameters that are applicable
during a particular block, and transmitting these param-
eters to a synthesizer at the receiving unit. The synthe-
sizer reconstructs the speech signal by using the pa-
rameters received. Since the model parameters vary
slowly with time compared to the speech waveform, the
redundancy of the speech is removed.
[0016] An example of a vo-coder employing speech
sub-band quantization is a sub-band coder (SBC). In an
SBC analyser, sub-bands of a speech waveform are
quantized and a determination is made concerning the
amount of speech energy in each sub-band. Only those
sub-bands having an energy content above a predeter-
mined threshold are transmitted thereby enabling trans-
mission in a reduced bandwidth.

[0017] Vo-coding has the advantage of providing a
further reduction in the speech data rate by using a cod-
ing technique based upon specific speech characteris-
tics, transmitting only the perceptually important infor-
mation contained in a speech signal. Vo-coding allows
a sufficiently low speech coding rate to enable the divi-
sion of a 25 kHz channel bandwidth, thereby providing
a spectrally efficient communication system.

Brief Description of the Drawings

[0018] 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 be understood
with reference to the following description, taken in con-
junction with the accompanying drawings, and the sev-
eral figures of which like referenced numerals identify
like elements, and in which:

Figure 1 is a block diagram of a TDM communica-
tion system;
Figure 2 is an illustration of the preferred organiza-
tion of a communication channel;
Figure 3a is an illustration of the preferred organi-
zation of the slot overhead for a primary to remote
transmission;
Figure 3b is an illustration of the preferred organi-
zation of the slot overhead for a remote to primary
transmission;
Figure 4 is a block diagram of a remote unit;
Figure 5 is a block diagram of a primary unit;
Figure 6 is a block diagram of a single frequency
primary unit;
Figure 7 is a block diagram of the preferred embod-
iment of the controller of the present invention;
Figures 8a-8c are flow diagrams of the steps exe-
cuted by the present invention to control the remote
unit of Figure 4;
Figure 9 is a flow diagram of the steps executed by
the present invention to control the primary stations
of Figures 6 or 7.

Detailed Description of the Preferred Embodiment

[0019] In Figure 1 there is shown a block diagram of
a time division multiplexed (TDM) system 100. The sys-
tem is comprised essentially of a repeater 102, a mobile
unit 104, a base station 106 and a portable 108. As used
herein, a portable unit (108) is defined to be a commu-
nication unit typically designed to be carried about the
person. A mobile unit (104) is a transceiving unit de-
signed to be carried in vehicles, and a base station (106)
is contemplated to be a permanent or semi-permanent
installation at a fixed location. The mobile 104, the base
station 106 and the portable unit 108 are hereinafter col-
lectively referred to as remote units, and the repeater
102 is hereinafter referred to as the primary station. The
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remote units communicate via the primary station using
radio frequency (RF) channels that are divided into at
least two time slots. The RF channels used by the
present invention are contemplated to be standard nar-
rowband land mobile channels. These channels are typ-
ically understood to be communication channels having
a bandwidth of 25 kHz (for duplex, the channel frequen-
cy pairs are spaced 45 MHz apart in the 800 MHz band).
Of course, other channel bandwidths and spacings are
possible, however, the present invention contemplates
the use of standard land mobile channel requirements
thereby obviating the need for any new FCC allocations
or requirements.
[0020] Referring now to Figure 2, there is shown an
RF communication channel 200 subdivided into 8 time
sub-slots. Each time sub-slot 1-8 has associated with it
an overhead data portion 202 which contains a signal-
ling protocol to be hereinafter defined. Once the RF
channel is divided into a predetermined number of time
sub-slots (8 in the preferred embodiment) they are
grouped into subsets that form communication time
slots employed by the actual system users.
[0021] Those skilled in the art will appreciate that vo-
coding a voice at various coding rates may affect the
perceived quality of the received speech. Accordingly,
speech vo-coded in a 9.6 kbps sub-band coder may be
of higher perceived quality than 2.4 kbps LPC coded
speech. Therefore, the present invention contemplates
grouping the 8 time sub-slots into subsets as required
by the particular vo-coder utilized. An exemplary ar-
rangement of slot assignments is illustrated in Figure 2
(reference 202). Sub-slots 1-4 have been combined to
form slot 1a, which may provide toll quality speech for
the users of a system. Slot 1b and slot 1c are formed by
combining two sub-slots (5-6 and 7-8 respectively) that
may provide speech of a lesser quality that is still ac-
ceptable to a particular user. Accordingly, the air-time
billing rate may vary depending upon the quality of
speech required in a particular user environment. More-
over, as technology improves and the quality of speech
for a lower bit rate vo-coder is enhanced, further subdi-
visions may be readily employed since the system was
designed originally to operate with a greater number of
time slots (i.e., ultimately the 8 time sub-slots would be
communication time slots).
[0022] Referring now to Figures 3a and 3b, there is
shown the preferred embodiment of the overhead data
information (202 of Figure 2) for both the primary-to-re-
mote, and remote-to-primary transmissions. Figure 3a
illustrates the primary-to-remote data overhead 300.
The data overhead begins with a propagation delay 302.
Typically, the maximum propagation time delay will be
defined by the particular system coverage designed into
a particular implementation. Typically, system range is
predominately responsible for determining the propaga-
tion delay. For example, the two-way propagation delay
for distant remote units (60 miles) may be twelve bits
with 18 kbps signalling. If the vo-coded signal received

at the primary station (repeater) were simply repeated,
the message delay would become a function of the dis-
tance of the transmitting remote unit. The receiving re-
mote units would be required to correctly determine
where the message information resided within the slot
to correctly recover the voice message. Accordingly, the
present invention contemplates a system wherein the
primary station repeats the information at a fixed point
in the slot. All remote units synchronize to the primary
station's transmitted signal.
[0023] Following the propagation delay 302 is the
transmit key time 304. The transmit key time 304 repre-
sents the time required to switch a unit between the
transmit and receive frequency. This is typically consid-
ered to be a hardware limitation, and in the preferred
embodiment is 1.22 milli-seconds (ms) in duration.
Those skilled in the art will appreciate that the actual
number of bits transmitted will depend on the data rate
used. Of course, as improved power amplifiers and fre-
quency synthesizers are designed, the transmit key time
may decrease to a lesser duration. The bit synchroniza-
tion pattern 306 follows the transmit key 304. The bit
sync portion of the data overhead 300 represents a dig-
ital pattern required to obtain bit synchronization be-
tween a transmitting unit and a receiving unit. In the pre-
ferred embodiment, the bit sync portion 306 consists of
1.22 ms of an alternating logic-one logic-zero pattern.
After acquiring bit synchronization, the receiving unit
must also have frame synchronization to properly de-
code one or more time slots. In the preferred embodi-
ment of the present invention the frame synchronization
portion 308 consists of a predetermined digital word.
The receiving unit must correctly receive the frame sync
portion 308 in a majority decision fashion (3 out of 5 in
the preferred embodiment) in order to properly acquire
frame synchronization. Synchronizing in this manner al-
lows an acceptable system falsing rate utilizing a mini-
mized number of data bits to form the synchronization
word. After frame synchronization, the receiving remote
unit receives the subframe ID code 310. The subframe
ID code contains information which is used by a remote
unit to control and direct the receiving circuitry to operate
on at least one TDM slot. Of course, as illustrated in Fig-
ure 2, the receiving remote unit may be informed, via
the subframe ID 310, that it will group a plurality of time
sub-slots into a single user slot. After correctly synchro-
nizing and decoding an assignment to at least one TDM
slot, the remote receives the vo-coded speech 312,
which follows the data overhead 300.
[0024] In Figure 3b, the data overhead 314 for the re-
mote-to-primary station transmission is illustrated. The
data overhead 314 is similar to the data overhead 300
of Figure 3a except that the propagation delay 302 is
not required since the primary station repeats all mes-
sages at the same point in the time slot, and the sub-
frame ID 310 is not required since slot assignment is
performed by the primary station (repeater). Following
the frame synchronization portion 308 (of the remote-
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to-primary station data overhead 314) the remote unit
transmits the vo-coded voice message.
[0025] In Figure 4 there is shown a block diagram of
a remote unit 400. The heart of the remote unit 400 is
the controller 402 of the present invention (a more de-
tailed illustration and discussion of which follows here-
inafter). To transmit, a speech signal is first input via a
microphone 404. The speech is analyzed by a vo-coder
analyzer 406, which is enabled by the controller 402 via
connection 407. The vo-coder analyzer may be any suit-
able coder and in the preferred embodiment is an LPC
or SBC vo-coder. The controller 402 takes the vo-coded
information, which is in digital form, and routes it to the
transmit buffer 408 via data line 410. The digitized
speech information is stored in the transmit buffer 408
at whatever coding rate is selected for the vo-coder an-
alyzer 406. Typical examples of vo-coding data rates in-
clude, but are not limited to, 9.6, 4.8, and 2.4 kbps. When
the transmit buffer 408 has reached a predetermined ca-
pacity limit, the information is extracted by the controller
402 via connection 412 and routed to the transmitter
414. Of course, the controller 402 preambles the speech
information by the data overhead portion 202 as illus-
trated in Figure 2. The controller 402 couples the trans-
mitter 414 to an antenna 416 via the switch 418. alter-
natively, the switch 418 could be replaced with a duplex-
er (or the like) to continually couple the transmitter and
receiver to the antenna. In this manner, the data over-
head and speech information are transmitted at a se-
lected transmission data rate, which must be at least
twice that of the vo-coding data rate. Alternately, data
information (already in digital form) may be transmitted
in the same manner via data source 420. Moreover, a
combination of vo-coded speech and data may alterna-
tively be sent as determined by a particular user.
[0026] To receive information from a time slot, the
controller 402 couples the antenna 416 to a receiver 422
via the switch 418. The receiver 422 is coupled both to
the controller 402 and a clock recovery means 424,
which may be any suitable clock recovery means that
will synchronize the controller 402 to the received infor-
mation using the bit sync or frame sync portions. Once
synchronized, the controller 402 takes the received vo-
coded speech (or digital data) and routes it to the receive
buffer 426 via connection 428. This information is
clocked into the receive buffer 426 at a suitable data
rate, which typically may be the transmission data rate.
The information is extracted from receive buffer 426 via
connection 430 and routed through the controller 402 to
the vo-coding synthesizer 432. Of course, the informa-
tion must be extracted at a data rate identical to that
which the speech information was vo-coded. The syn-
thesizer 432, enabled by the controller 402 by connec-
tion 433, operates on the essential speech components
to synthesize the voice signal. This signal is applied to
a speaker 434 that allows the message to be received
by the operator. If, however, data was transmitted during
a TDM slot, the data sink 436, which may be a printer

or monitor device, accepts the data and displays it for
the operator.
[0027] Referring now to Figure 5, there is shown a
block diagram of a repeater 500 that is controlled by the
present invention to operate in a TDM communication
system. The system reference 504 provides the control-
ler 502 with the clock signal, which is used to determine
the transmission data rate. Operationally, a vo-coded
signal is received from at least one time slot on a first
frequency and travels from the antenna 506 through the
duplexer 508 to a receiver 510. The receiver 510 is cou-
pled to a clock recovery device 512 and the controller
502. The controller accepts the received vo-coded data
signal from the receiver 510 at the data rate determined
by the clock recovery device 512 and supplies it to the
transmitter 514. The transmitter 514 repeats the signal
including the data overhead 202 in at least one time slot
on second frequency (at a transmission data rate deter-
mined by the controller 502) through the duplexer 508
to the antenna 506.
[0028] Referring now to Figure 6, a block diagram of
a single frequency repeater (SFR) controlled by the
present invention is shown. The repeater 600 is control-
led by the controller 602, which takes a master clock
signal from the system reference 604. A signal is re-
ceived via antenna 606 and routed via the switch 608 to
the receiver 610. The receiver 610 supplies signals to
the clock recovery means 612 and the controller 602.
The received vo-coded signal is stored in a buffer 618
via connection 620 at the received data rate as deter-
mined by the clock recover means 612. The vo-coded
message is stored in the buffer 618 until a subsequent
time slot, at which time the buffer 618 is emptied by the
controller 602 via connection 622 at a predetermined
data rate, which is typically the transmission data rate.
The controller 602 then routes the buffered signal to the
transmitter 614. The transmitter 610 sends the signal to
the antenna 606 via the switch 608, which has been cou-
pled to the transmitter via the controller 602 through con-
nection 624. Accordingly, in an SFR, the transmitter 614
and receiver 610 are multiplexed to the antenna 606 a.
duplexer is not required. Those skilled in the art will ap-
preciate that either the multiple frequency repeater or
the single frequency repeater may be used alternately
or in combination in any particular TDM system.
[0029] Referring now to Figure 7 there is shown a
block diagram of the present invention (controller 700)
suitable for use in either a primary or remote unit. The
controller 700 is comprised of a microprocessor 702,
such as an MC6801 manufactured by Motorola, Inc. The
microprocessor 702 is supplied a clock signal by clock
source 704. The system reference (see Figs. 5 and 6)
is routed to the frame marker 706 and the Synchronous
Serial Data Adaptor (SSDA) 708. Microprocessor 702
is coupled to the frame marker 706 and the SSDA 708
via an address bus 710 and a data bus 712. The frame
marker 706 is used to generate the frame synchroniza-
tion information contained in the data overhead as was
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described in conjunction with Figure 2. The frame mark-
er 706 can be any convenient device and may be, for
example, a programmable timer module (PTM), such as
an MC6840 manufactured by Motorola, Inc. The SSDA
708 is used in the controller 700 to accept data from the
microprocessor 702 and communicate the data serially
to the transmitter 714. In the preferred embodiment, the
SSDA is an MC6852 manufactured by Motorola, Inc.
The SSDA 708 is also coupled to the clock recovery and
data detector 716. The clock recovery data detector 716
is coupled to the receiver 718 and is used to supply the
received synchronization information and received vo-
coded voice signals to the SSDA 708. Thus, the SSDA
is used in both the transmit and receive modes to route
data accordingly. The clock recovery and data detector
716 is also coupled to the frame sync detector 720. The
frame sync detector 720 receives data from the data de-
tector and clock recovery device 716 and is used to look
for the frame sync marker in the received vo-coded sig-
nal. When frame synchronization is achieved, the frame
sync detector 720 alerts the microprocessor 702 via
connection 722. Once the clock recovery device and the
frame sync detector have both synchronized, the vo-
coded signal can be either repeated (as in the primary
stations of Figs 5 or 6), or received and routed to the vo-
coder synthesizer to recover the voice signal (as in the
remote unit of Fig. 4).
[0030] Referring now to Figures 8a-8c, there is shown
a flow diagram of the steps executed by the present in-
vention when utilized to control a remote unit. In Figure
8a, the routine begins with the initialization step 800,
which is executed during first time operation or after a
reset. The initialization step 800 programs any frequen-
cy synthesizers and loads various ID codes that may be
employed during the operation of the controller. The rou-
tine next proceeds to decision 802, which checks to see
if the repeater is active. The remote unit determines if
the repeater is active via the bit sync circuitry that oper-
ates on the bit sync portion of the data overhead (see
Figure 3). A positive bit sync indication occurs if the re-
peater is operating (i.e., transmitting). Of course, if the
repeater were inactive, the remote unit would not be
able to obtain bit sync.
[0031] Referring again to Figure 8a, if the repeater is
not active the routine proceeds to decision 804 to detect
whether the push-to-talk (PTT) switch has been actuat-
ed to initiate a communication. If the determination of
decision 804 is that the PTT switch is not actuated, the
routine returns to reference letter A and decision 802.
The routine will continue in this loop until the PTT switch
is actuated at which time the routine proceeds to step
805. In step 805, the predetermined repeater key-up
code is transmitted to activate the repeater. The key-up
code may be any suitable code and, of course, if a par-
ticular implementation the repeater is always activated,
step 805 could be omitted. Preferably, the repeaters are
inactive (i.e., off the air) if no remote unit is transmitting.
This conserves energy and increases the mean time be-

tween failure (MTBF) of the primary station. Of course,
the repeaters could be designed to operate continuously
thereby eliminating the need of an activation code. After
transmitting the repeater key-up code, the routine pro-
ceeds to decision 806. Decision 806 determines wheth-
er or not synchronization has been achieved. Both bit
synchronization and frame synchronization are required
for an affirmative determination in decision 806 (howev-
er, bit sync may have already been established in deci-
sion 802). Frame sync is determined by a majority de-
termination based on a three-of-five correct receptions
of the frame sync word (see Figure 3). If synchronization
is established, the routine proceeds to step 808, which
enables the analyzer of the particular vo-coder em-
ployed. Following the enabling of the vo-coding analyz-
er, the routine proceeds to decision 810, which deter-
mines whether the PTT switch has been activated. If the
switch has been activated, the routine routes to refer-
ence letter B of Figure 8b (to transmit). If the PTT switch
is not activated, the routine proceeds to reference letter
C of Figure 8c (to receive).
[0032] Referring now to Figure 8b, the steps involved
during the transmit mode of the controller are shown.
The routine begins in step 812, which takes the digitized
speech information from the vo-coding analyzer. The
vo-coded speech is stored in the buffer (408 of Figure
4) in step 814 at the vo-coding data rate. Decision 816
determines whether the buffer is sufficiently full to begin
transmitting. In the preferred embodiment, the buffer is
deemed to be full (ready) when at least one-half of one
slot of vo-coded data has been buffered. If decision 816
determines that the buffer is not sufficiently full, the rou-
tine returns to the reference letter B to receive more vo-
coded speech from the analyzer in step 812. If the de-
termination of decision 816 is that the buffer is sufficient-
ly full, the routine proceeds to decision 818 to determine
whether the present time slot is the assigned slot of a
particular unit. The time slots must be assigned so that
the mobile controller knows how many of the sub-slots
(1-8) to combine for this particular communication slot.
If the present time slot is not the unit's assigned time
slot, the routine proceeds to decision 817 to check for
sync. If decision 817 determines that sync has been lost,
the routine proceeds to reference letter A. Otherwise,
the routine proceeds to reference letter B. If decision
818 determines that the present time slot is the unit's
assigned time slot, the routine proceeds to step 819 to
determine whether the unit is still in frame sync. The unit
will have a valid frame sync if it has correctly received
five of the past nine frame sync words. If decision 819
determines that the unit has dropped frame sync, control
returns to reference letter B. If the unit has held sync,
the routine proceeds to step 820, which formats the data
overhead preamble as previously described in conjunc-
tion with Figure 3. Following the data overhead format-
ting of step 820, step 822 transmits a single burst on the
TDM channel by transmitting the overhead and vo-cod-
ed speech taken from the buffer at the transmission data
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rate. After this single slot is burst on to the TDM channel,
decision 824 determines whether the buffer is empty. If
the buffer is not empty, the routine returns to reference
letter B which takes more speech and continues to
transmit. If the buffer is empty, the routine returns to ref-
erence letter A of Figure 8a which determines whether
the repeater is active.
[0033] In Figure 8c, the steps executed by the present
invention for remote receive operations are shown. The
routine begins in step 826 which receives the vo-coded
signal from one or more time slots in the TDM channel.
Step 828 updates the slot assignments for the device
employing the controller. In the preferred embodiment,
this represents updating a memory location which con-
tains the number of sub-slots (1-8) that may be com-
bined in various arrangements to form communication
slots for the TDM device. The routine next proceeds to
decision 830 to determine whether or not synchroniza-
tion has been maintained. An affirmative determination
results if the unit has correctly received five of the past
nine frame sync words. If there is synchronization, the
routine proceeds to decision 832 to determine whether
the communication device is muted or whether the
squelch is open to allow reception of the message.
Those skilled in the art will appreciate various methods
of squelch are known. One technique would consist of
detecting whether the received signal is valid data or
noise. An alternative would be to use a form of continu-
ous squelch, commonly referred to as "digital private
line" (DPL). Another alternative would be to employ be-
gin-of-message (BOM) and end-of-message (EOM) da-
ta words pre-ambled and post-ambled to the message,
respectively. Basically, any suitable squelch system is
acceptable to the present invention to operate as deci-
sion 832. If the squelch is muted, the routine returns to
reference letter D of Figure 8a. However, if the squelch
is unmuted the routine proceeds to set 834 where the
vo-coded signal is placed in the buffer (426 of Figure 4)
at the received data rate. Step 836 removes the buffered
signal from the buffer at the vo-coding data rate and
presents it to the vo-coding synthesizer (432 in Figure
4). The vo-coding synthesizer reconstructs the original
voice message and presents it to the operator either via
a speaker or other means. Following the completion of
the synthesized message, the routine returns to refer-
ence letter D of Figure 8a.
[0034] Referring now to Figure 9, the steps executed
by the present invention when used to control a primary
station (repeater) are illustrated. The routine begins in
decision 900, which determines whether the key up
code has been received from a particular remote unit. If
the key up code is not received, the repeater waits (i.e.,
off the air) until a key up code is received. Assuming,
however, that the key up code was received, the routine
proceeds to step 902, which starts the frame marker and
keys up the transmitter. Step 904 transmits one burst of
the data overhead defined in Figure 3 containing the
TDM slot assignment for the remote unit. After the re-

mote unit receives sync and a slot assignment, the re-
mote unit transmits the data overhead and TDM vo-cod-
ed data message to the repeater. Accordingly, decision
906 determines whether the synchronization (both bit
and frame) from the mobile has been received in the
present time slot. If sync has been received, the routine
proceeds to step 908, which resets a transmitter time-
out-timer, which may be present to prevent the transmit-
ter from transmitting either permanently or for prolonged
periods. The routine then proceeds to step 910, which
receives the TDM vo-coded data from the particular slot
(or group of slots) assigned by the repeater. Step 912
retransmits or repeats the TDM data in another time slot
on either the same frequency or in the same or different
time slot on a second frequency depending upon which
type of repeater is employed. Following the retransmis-
sion of step 912, the routine returns to reference letter
A, which again sends one burst of data overhead with
the time slot assignment and continues in this loop until
there is no more vo-coded data to transmit.
[0035] Referring again to decision 906, if the decision
of step 906 is that the synchronization was not received
in the present time slot, the routine proceeds to decision
914, which determines whether or not the repeater
transmitter is still keyed. The repeater transmitter may
not be keyed if the time-out-timer has expired or a dekey
code has been received (if any such code is employed).
If the determination of decision 914 is that the repeater
is still keyed, an alternating logical one and logical zero
pattern are transmitted in the first sub-slot in step 916.
Following step 916 The data over-head and slot assign-
ment are transmitted in each of the sub-slots that form
the particular time slot used. Since the data over-head
will not fill a sub-slot, an alternating logical one and log-
ical zero pattern is use to fill each sub-slot. Following
step 918 the routine returns to reference letter A, which
will again send one burst of data overhead with the time
slot assignment to the mobile unit, and then to decision
906 to recheck if the repeater has properly received syn-
chronization from the remote unit. If the determination
of decision 914 is that the repeater is no longer keyed,
the routine returns to reference letter B, which again will
await the key up code before the repeater is operational
again.

Claims

1. A time division multiplex radio communication sys-
tem having communications apparatus and com-
prising means for vocoding speech at a first rate and
communicating over a radio channel with a first
communications apparatus through a first subset of
time slots in a given set of time slots, the time divi-
sion multiplex communications system character-
ized by:

means for vocoding speech at a second, high-
er, rate and communicating over the radio channel
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with a second communications apparatus through
a second subset of time slots in such a set of time
slots, wherein the second subset comprises more
timeslots than the first subset.

2. A system according to claim 1, further comprising:
first means for communicating, through the first
subset of time slots in the given set of time slots,
speech vocoded at said first rate; characterized by
second means for communicating, through the sec-
ond subset of time slots in the given set of time slots,
speech vocoded at said second rate; and means
(402) for selecting between said first and second
means.

3. A system according to claim 2, wherein said means
for selecting comprises means for receiving an in-
formation signal (310) informing the communica-
tions apparatus to receive, through a first or second
subset of time slots, speech vocoded at the lower
or higher rate.

4. A system according to any one of the preceeding
claims, further comprising a memory for storing time
slot assignment information and means for receiv-
ing time slot assignment information and storing it
in memory.

5. A system according to any one of the preceding
claims, comprising a vo-coder for analysing and vo-
coding speech, and a controller (402) for routing vo-
coded speech to a transmit buffer (408) at a coding
rate selected by the controller.

6. A method for controlling communications between
plural communications apparatuses of a time divi-
sion multiplex radio communications system (100),
the method comprising vocoding speech at a first
rate and communicating over a radio channel with
a first communications apparatus through a first
subset of time slots in a given set of time slots, char-
acterised by the steps of

vocoding voice signals at a second rate, high-
er than the first rate, and communicating over the
radio channel with a second communication appa-
ratus through a second subset of time slots in such
a set of time slots, wherein the second subset com-
prises more time slots than the frst subset.

Patentansprüche

1. Zeitmultiplex-Funkkommunikationssystem, das ei-
ne Kommunikationsvorrichtung aufweist und Mittel
zum Sprachverschlüsseln mit einer ersten Rate und
zum Kommunizieren über einen Funkkanal mit ei-
ner ersten Kommunikationsvorrichtung durch eine
erste Zeitschlitzuntermenge einer gegebenen Zeit-

schlitzmenge umfasst, wobei das Zeitmultiplex-
Kommunikationssystem durch Folgendes gekenn-
zeichnet ist:

Mittel zum Sprachverschlüsseln mit einer zwei-
ten höheren Rate und zum Kommunizieren
über den Funkkanal mit einer zweiten Kommu-
nikationsvorrichtung durch eine zweite Zeit-
schlitzuntermenge einer derartigen Zeitschlitz-
menge, wobei die zweite Untermenge mehr
Zeitschlitze als die erste Untermenge umfasst.

2. System gemäß Anspruch 1, das weiterhin umfasst:

Erste Mittel zum Kommunizieren von mit der er-
sten Rate sprachverschlüsselter Sprache,
durch die erste Zeitschlitzuntermenge der ge-
gebenen Zeitschlitzmenge; gekennzeichnet
durch zweite Mittel zum Kommunizieren von
mit der zweiten Rate sprachverschlüsselter
Sprache, durch die zweite Zeitschlitzunter-
menge der gegebenen Zeitschlitzmenge;
und Mittel (402) zum Auswählen zwischen den
ersten und den zweiten Mitteln.

3. System nach Anspruch 2, wobei die Mittel zum Aus-
wählen Mittel zum Empfangen eines Informations-
signals (310) umfassen, das die Kommunikations-
vorrichtung informiert, durch eine erste oder zweite
Zeitschlitzuntermenge mit der niedrigeren oder hö-
heren Rate sprachverschlüsselte Sprache zu emp-
fangen.

4. System nach einem der vorhergehenden Ansprü-
che, das weiterhin einen Speicher zum Speichern
von Zeitschlitzzuweisungsinformationen und Mittel
zum Empfangen von Zeitschlitzzuweisungsinfor-
mationen sowie zum Abspeichern derselben im
Speicher umfasst.

5. System nach einem der vorhergehenden Ansprü-
che, das einen Sprachverschlüssler zum Analysie-
ren und Sprachverschlüsseln von Sprache und ei-
nen Controller (402) zum Routen von sprachver-
schlüsselter Sprache zu einem Sendepuffer (408)
mit einer von dem Controller ausgewählten Kodier-
rate umfasst.

6. Verfahren zur Steuerung von Kommunikationen
zwischen mehreren Kommunikationsvorrichtungen
eines Zeitmultiplex-Funkkommunikationssystems
(100), wobei das Verfahren das Sprachverschlüs-
seln von Sprache mit einer ersten Rate und das
Kommunizieren über einen Funkkanal mit einer er-
sten Kommunikationsvorrichtung durch eine erste
Zeitschlitzuntermenge einer gegebenen Zeit-
schlitzmenge umfasst, gekennzeichnet durch die
folgenden Schritte:
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Sprachverschlüsseln von Sprachsignalen mit
einer zweiten Rate, die höher ist als die erste
Rate, und Kommunizieren über den Funkkanal
mit einer zweiten Kommunikationsvorrichtung
durch eine zweite Zeitschlitzuntermenge einer
derartigen Zeitschlitzmenge, wobei die zweite
Untermenge mehr Zeitslots als die erste Unter-
menge umfasst.

Revendications

1. Système de communication radio à multiplexage
par répartition temporelle ayant des appareils de
communication et comprenant un moyen pour vo-
coder la voix à un premier débit et pour communi-
quer sur un canal radio avec un premier appareil de
communications à travers un premier sous-jeu de
tranches de temps dans un jeu donné de tranches
de temps, le système de communication à multi-
plexage par répartition temporelle caractérisé par :

un moyen pour vocoder la voix à un second dé-
bit, plus élevé, et pour communiquer sur le ca-
nal radio avec un second appareil de commu-
nications à travers un second sous-jeu de tran-
ches de temps dans un tel jeu de tranches de
temps, dans lequel le second sous-jeu com-
prend plus de tranches de temps que le premier
sous-jeu.

2. Système selon la revendication 1, comprenant en
outre : un premier moyen pour communiquer à tra-
vers le premier sous-jeu de tranches de temps dans
un jeu donné de tranches de temps, la voix vocodée
audit premier débit ; caractérisé par un second
moyen pour communiquer, à travers le second
sous-jeu de tranches de temps dans un jeu donné
de tranches de temps, la voix vocodée audit second
débit ; et un moyen (402) pour sélectionner entre
lesdits premier et second moyens.

3. Système selon la revendication 2, dans lequel ledit
moyen pour sélectionner comprend un moyen pour
recevoir un signal d'informations (310) informant
l'appareil de communication pour recevoir, à travers
un premier et un second sous-jeu de tranches de
temps, la voix vocodée à un débit plus lent ou plus
élevé.

4. Système selon l'une quelconque des revendica-
tions précédentes, comprenant en outre une mé-
moire pour stocker des informations d'assignation
de tranches de temps et un moyen pour recevoir
des informations d'assignation de tranches de
temps et les stocker dans la mémoire.

5. Système selon l'une quelconque des revendica-

tions précédentes, comprenant un vocodeur pour
analyser et pour vocoder la voix, et un dispositif de
commande (402) pour router la voix vocodée à un
tampon de transmission (408) à un débit de codage
sélectionné par le dispositif de commande.

6. Procédé pour commander des communications en-
tre plusieurs appareils de communication d'un sys-
tème de radio communication à multiplexage par
répartition temporelle (100), le procédé comprenant
le vocodage de la voix à un premier débit et la com-
munication sur un canal radio avec un premier ap-
pareil de communication à travers un premier sous-
jeu de tranches de ranches de temps dans un jeu
donné de tranches de temps, caractérisé par les
étapes de :

vocodage des signaux vocaux à un second dé-
bit, plus élevé que le premier débit, et commu-
nication sur le canal radio avec un second ap-
pareil de communication à travers un second
sous-jeu de tranches de temps dans un tel jeu
de tranches de temps, dans lequel le second
sous-jeu comprend plus de tranches de temps
que le premier sous-jeu.
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