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Background of the Invention

The present invention is directed to cellular
radio communications systems, and more particularly to
systems which @iploy code division multiple access
(CDMA) to distinguish different communications within a
cell from one another.

In a cellular radio communications system, a
geographical area is divided into cells where
neighboring ¢élls are generally allocated different
components of a communications parameter, to avoid
interference. In early cellular systems, this
communication parameter was the carrier frequency over
which the conmfnications were transmitted. Thus, to
avoid interfereénce, neighboring cells used different
sets of mutuaiiy exclusive communications frequencies.
Cells that wefé'af'a distance of two or more cells away
from a given ¢ell eould reuse the same frequencies as
the given cell. The further apart the cells reusing
the same frequency were located, the lower the
interference level between them.

The total number of different frequencies
that are required to construct a cell pattern having an
acceptable 1é$éi %f interference reduces the number of
frequencies that 4¥8% available for use within the

individual ée~ 5 Fcr example, one common cell
_ _%% 4 21-cell pattern to avoid
interference. - In thls type of arrangement, the cells

are grouped ix €1 ters of 21 contiguous cells. Each

cell within “*'q“ster must use a different set of
frequencies ¥ om thé other 20 cells in that cluster.
If 420 freque

communlcatli

4 available for use within such a
: the number of frequencies that
cell is 420/21 = 20.

Wlth'current state-vf-the-art technigues, =

can be used ix ea

digitized voice transmission is preferred to the
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communi cati on paranmeter was the carrier frequency over which the
comruni gati ons were transmtted. Thus, to avoid interference, neighboring
cells used different sets of nutually exclusive comunications frequencies.
Cells that were at a distance of two or nore cells away froma given cell-
coul d relise the sane frequencies as the given cell. The-furttier apart t €4
cells reusing the sane frequency were | ocated, the |ower gghanbsﬁﬁ

| evel between them The total nunber of different frequenC| i“
required to construct a cell pattern having an acceptable | M\

I nterference reduces the nunber of frequencies that are ava
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transmission of arnalog waveforms, since it is more

tolerant of interference and thus permits a tighter
é pattern with consequent increase in

frequency re~i
capacity. Firthérmore, with the transmission of
5 information in digital form, each transmission

frequency can be divided into time slots, with each
time slot carrying a different communication. Thus, if
each frequency is divided into three or four repeating
timeslots, the number of communications that can be

10 transmitted at any given time is effectively tripled or
quadrupled. This approach to increasing system
capacity is ¥hown as time division multiple access
(TDMA) .

Purthermore, when digital transmission is

15 used, error dotréction coding can be employed to
increase the interference tolerance. If a systematic
code is empi%féé for error cor;ection, a number of
parity bits are transmitted in addition to data bits
which represent the digitized speech. More preferably,

20 however, a non-systematic code is employed, in which
all of the bits ¢f digitized speech are converted into
code words. For example, if a 128,7 block encoding
technique is éﬁpibyed, each group of seven data bits is
converted int6 a 128-bit code word and transmitted as

25 such. At tHe receiver, each received 128-bit codeword
is reconvertéd into the original 7-bit piece of data,
e.g. speeﬁh iﬁ%éfmation. Even if some of the bits of
the recelved 128-bit codeword are erroneous, due to
1nterferenﬁé, tha original data can still be easily

30 recovered.

Uhfdrtunately, the use of error correction

{865 the number of bits that are

transmitted ‘for each piece of information. As a

result, the transmission bandwidth is widened, thereby

coding ine
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reducing the number of frequency channels that are
available without overlap. Thus, there is a tradeoff
between increased interference tolerance, which permits
more frequent reuse of frequencies, and a reduction in
5 the number of freguency channels available.

At one extreme of this approach, the amount
of coding that is employed is so effective that
interference levels which are equal to or greater than
the desired signal can be tolerated, and signal overlap

10 can therefore be permitted. A system which operates
with this approach is known as code division multiple
access (CDMA). An exemplary CDMA communications system
is disclosed in U.S. Patent No. 5,151,919 issued
September 29, 1992, and U.S. Patent Application Serial

i5 No. 07/739,446, filed August 2, 1991, which is a
continuation-in-part application thereof. In the
system disclosed in those applications, the ability to
tolerate an increased number of interfering signals, to
thereby achieve an increase in system capacity, is

20 provided through the use of a subtractive demodulation
process. Generally speaking, a receiver in this type
of system does not operate to decode only a single
desired signal in the presence of a large number of
interfering signals. Rather, a number of received

25 signals, both interfering and desired, are successively
decoded in order of received signal strength. After
being decoded, each interfering signal is recoded and
subtracted frém the received signal, to thereby reduce
the interference that is present when the desired

30 signal is decéded.

With this approach, a larger number of
signals, which are differently enciphered to provide a
means of diScfiminating them from one another, are
permitted to overlap. The capacity of such a system is
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*2- transm ssion of anal og waveforns, since it is nore tol erant of
interference and thus permts a tighter frequency re-use pattern with
consequent increase in capacity.—Furthernore, with the transm ssion of
information in digital form eac transnlsS|on frequency can be divided
into time sIdts, with each time s hegt eplecedi f f er ent comnmuni cati on.
Thus, if each frequency IS d|V|de ' four repeating tineslots,
t he nunber of communi cati ons that tted at any given tine is
effectively tripled or quadrupled. This approach to increasing system
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not limited by theoretical bounds, but rather by the
amount of signal processing resources that are
available to demodulate a multiplicity of signals.
Accordingly, it is desirable to provide a radio

5 communications system which affords increased system
capacity in terms of the number of simultaneous
communications that can be reliably transmitted and
received, while at the same time minimizing receiver
activity to reduce the processing requirements of the

10 receiver.

One approach that has been used in the past
to reduce the presence of interfering signals is to
turn off the transmitters associated with a momentarily
silent party in a two-party conversation. With this

15 approach, the number of conversations can then be
doubled before the interference reaches the original
level. This technique is known as discontinuous
transmission. In the past, it has been employed in
non-CDMA systems, such as the time division multiple

20 access pan-European digital cellular system, which is
known as the GSM systen.

A difficulty is presented when discontinuous
transmission is employed in CDMA systems, however, due
to the high time synchronization accuracy which must be

25 maintained to successfully deccde CDMA signals. If the
transmission of a signal is interrupted for more than a
short period of time, the timing of a receiver may
drift to the extent that it does not immediately
recognize the point at which transmission resumes. In

30 the GSM system, the use of discontinuous transmission
is facilitated by the transmission of a special code at
the beginning of a transmitter shut-down period, to
notify the receiver of the interruption in
transmission. However, this indication is not employed



capacity is known as tine division nultiple access (TDVMA). Furthernore,
when digital transm ssion is used, error correction coding can be enpl oyed
to increase the interference tolerance. If a systematic code is enpl oyed
for errog correction, a number of parity bits are transmtted in addition
to data bits Which represent the digitized speech. Mre preferably,
however, a non-systematic code is enployed, in which all of the bits of
digitized speech are converted into code words. For exanple, if a 128,7

bl ock encodi ng technique is enployed, each group of seven data bits is
converted into a 128-bit code word and transmtted as
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to reduce the activity of the receiver. Rather, it is
used to mute the audio ocutput from the receiver during
the period of no input signal from the transmitter.
U.S. Patent No. 4,901,307 discloses a CDMA
5 system in which the transmitter is controlled to

transmit in an intermittent fashion with a variable
duty factor that is contingent upon the speech activity
level. In the operation of this system, the
transmitter is not switched off completely during

10 speech activity. Rather, the duty factor is
established such that the transmissions take place even
during periods of speech inactivity to provide enough
information tc maintain receiver synchronization. The

" purpose of this approach is te reduce the total

15 interference level while maintaining receiver

synchronization, rather than to reduce receiver signal

processing resources.

SUMMARY OF THE INVENTION
The present invention provides a

20 communications system which utilizes "discontinuous
transmission" (hereinafter referred to as DTX) in a
manner that enables receiver synchronization to be
maintained while increasing system capacity, and is
therefore particularly well suited for use in CDMA

25 communications systems. Toward this end, according to
one aspect of the present invention, a speech frame
structure is deliberately imposed on the speech
encoding method, even for those encoding methods which
are inherently structureless. The speech signal is

30 examined for the presence or absence of active speech.
If no active speech is detected during the duration of
an entire frame, the transmission of that frame of

digitized speech code words is inhibited.
This Sheet Has Been Replaced
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such. At the receiver, each received 128-bit codeword is reconverted into
the original 7-bit piece of data, e.g. speech information. Even if sone of
the bits of the received 128-bit codeword are erroneous, due to
interference, .the original data can still be-easity Fécovered.
Unfortunatel y© the use of error correction cogiifiSheétHesBzasRepla¢eie nunber of

bits that are transmtted for each piece of mftl“mtmmr“lmr result, the

transm ssi on bandwi dth i s wi dened, thereby
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In another aspect of the invention, one or
more codewords of a fixed value may be transmitted at
'the‘beginning of each frame to indicate to the receiver
whether the remainder of the frame will be transmitted

5 or not. As a further feature of the invention, a
receiver of a CDMA signal that is transmitted pursuant
to the foregoing principle attempts to demodulate that
signal for a limited number of sequential code words.
If the signal is not observed to reach a minimum

10 threshold of correlation with a valid code sequence, no
further attempts at demodulating that signal are
carried out for the remainder of the predetermined time
corresponding to the speech frame. If the receiver is
of the type which receives and demodulates multiple

15 signals, as disclosed in U.S. Patent No. 5,151;919 and
U.S. application Serial No 07/739,446, for example, the
decoding of one of these other signals can be carried
out during the remainder of the discontinuous
transmission time period in which the first signal is

20 not decoded.

Further in accordance with this aspect of the
invention, the speech frame structures of a
multiplicity of overlapping CDMA signals transmitted
from the same base station are given a fixed relative

25 time alignment. This alignment of the signals allows
.mobile receivers that are decoding at least one signal
to accurately anticipate when other signals, that have
been ﬁemporarily silenced through discontinuous
transmission, are likely to resume transmission. Thus,

30 receiver synchronization and fram& alignment
information can be cbtained from sigfidls other than the
specific information signal destined for the receiver.

Preferably, the time alignment relationship
employs a fixed pattern of offset between the different



-~ 3- reducing the nunber of frequency channels that are avail able w thout
over|l ap. Thus, there is a tradeoff between increased interference

tol erance, which permts nore frequent reuse of frequencies, and a
reductign in.the nunber of frequency channels available. At one extreme of
this approachi, the anount of coding that is enployed is so effective that
interference levels which are equal to or greater than the desired signal
can be tolerated, and signal overlap can therefore be permtted. A system
whi ch operates with this approach is known as code division multiple access
(CDVR). An exenplary CDVA communi cations system
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signals. This arrangement causes the times at which
the different signals can resume transmission to be
evenly distributed over the period of a speech frame.
Thus, the times at which the receiver attempts to
5 demodulate the various signals is also distributed,
avoiding undesired peaks in receiver activity.
According to a further feature of the
invention, the speech frame timing for transmissions
from a mobile transmitter is derived from the speech
10 frame timing of signals it receives from the base
station. Thus, the relative timing that the base
station chooses for transmissions from the base station
to the mobile receiver is reflected in the relative
frame timing between different mobile transmissions to
15 ‘the base station, thereby providing the base station
receiver with the benefits of staggered frame
alignment.
The foregoing features of the present
invention, as well as the advantages provided thereby,
20 are explained in greater detail hereinafter with
reference to preferred embodiments of the invention
illustrated in the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS
Figure 1 is a block diagram of a CDMA
25 communications system of a type in which the present
invention can be advantageously employed:;

Figure 2 is a block diagram of a transmitter
for a mobile station which operates in accordance with
the principles of the present invention:;

30 Figures 3A and 3B are signal diagrams
illustrating the digitization and encoding of speech
signals with a frame structure in accordance with the

principles of the present invention:;
This Sheet Has Been Replaced
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i's disclosed in U S. Patent No. 5,151,919 issued Septenber 29, 1992, and

U.S. Patent Application Serial No. 07/739, 446, filed August 2, 1991, which
is a continuation-in-part application thereof. In the systemdisclosed in
t hose applicati ons,
interfering dignals, to thereby achieve an increase in systemcapacity, is
provi ded through the use of a subtractive denodul ati on process. Generally

speaki ng,

a receiver

the ability to tolerate an increased nunber of

in this type of system does not operate to decode only

a single desired signal in the presence of a |arge nunber of interfering
Rat her, a nunber of received signals, both interfering and
are successively -8 -
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Pigure 4 is a block diagram of a transmitter

for a base station which operates in accordance with

the principles of the present invention:

Figure 5 is a block diagram of a receiver for

discontinuous transmissions, constructed in accordance

with the principles of the present invention.

DESCRIPTION OF THE ILLUSTRATED EMBODIMENTS

To facilitate an understanding of the present

invention, its implementation in a specific type of

cellular radio telephone system is described

hereinafter. The specific type of cellular radio

telephone system that is described is one which

operates on the basis of code division multiple access
(CDMA) to differentiate various communications from one

another.

It will be appreciated by those having

familiarity with the pertinent technoclogy, however,
that the applicability of the present invention is not

limited

to this particular type of system. In fact,

the invention can be employed in systems which use
techniques other than CDMA to distinguish various

communications from one another. However, as will be

appreciated from the foregoing discussion and the

following description, the invention provides

particularly advantageous results in a CDMA-based

systen,

and therefore is described in that context.
To further facilitate an understanding of the

invention, a specific example is described where a
128,7 orthogonal block encoding technique is employed
to provide error correction and CDMA modulation.

Again, however, the principles of the present invention

are not

limited to communications systems which employ

this encoding technique.

This Sheet Has Been Replaced
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decoded in order of received signal strength. After being decoded, each
interfeering signal is recoded and subtracted fromthe received signal, to
t hereby reduce the interference that is present when the desired signal is
decoded, Wth this approach, a |larger nunber of signals, which are

di fferently &nciphered to provide a nmeans of discrimnating themfrom one
anot her, are per rnistSket HloBavBedia@. The capacity of such a systemis -4-

AL

~An overall view of a CDMA-based cellular
radio telephone system, of the type in which the

-9 -

present invention can be implemented, is illustrated in
block diagram form in Figure 1. In this view, one

5 transmitter 1 and one receiver 2 are depicted in block
form. The transmitter might be present at a base
station of the radio telephone communications systen,
and the receiver could be located in a mobile unit, for
example. Alternatively, the transmitter could be that

10 of a mobile unit with the receiver located in a base
station.

Referring to Figure 1, speech which is
generated by one of the participants in a telephone
conversation is provided as an input signal to a speech

15 encoder 10a. This speech encoder can be a conventional
encoder which converts the speech signal into a digital
signal according to any of the weli known types of
speech digitizing algorithms. Examples of such
algorithms which are employed in conventiocnal speech

.20 encoders include Continuously Variable Slope Delta
Modulation (CVSD), Adaptive Delta Pulse Code Modulation
(ADPCM), Residual Excited Linear Predictive Coding
(RELP) and Vector Code Book Excited Linear Predictive
Coding (VSELP). The particular type of encoder that is

25 used in a given application will depend upon various
design factors, such as the desired compromise between
bit rate reduction and encoder cost and complexity.

After the speech signal has been digitized in
the encoder 10a, its bandwidth is expanded to produce a

30 CDMA signal in a CDMA encoder 10b. In the preferred
implementation, this CDMA bandwidth expansion is
obtained by means of 128, 7 orthogonal block encoding.
In addition to block encoding the digitized speech
signal, the encryption device 12 also scrambles the



not Iimted by theoretical bounds, but rather by the amount of signal
processing resources that are available to denodulate a nmultiplicity of
signals. Accordingly, it is desirable to provide a radio comunications
systen1mh|ch affords increased systemcapacity in terms of the nunber of
si mul t aneous Tonmuni cations that can be reliably transmtted and received,
while at the sane tinme mnimzing receiver activity to reduce the
processi ng requirenents of the receiver. One approach that has been used in
the past to reduce the presence of interfering signals is to turn off the
transmtters associated with a nonentarily
- 10 -
encoded signal with a unique cipher code that is
assigned to the communication. The encryption can, for
example, consist of the bitwise modulo-2 addition of a
unique scrambling code to the block code before
5 transmission. Since all communications preferably
employ the same block codes to expand their bandwidth,
the scrambling of the encoded signals with the unique
cipher codes enables the various communications to be
distinguished from one another, as described in greater
10 detail in the previously mentioned copending patent
applications which are incorporated by reference and in
copending, commonly assigned U.S. Patent Application
Serial No. 866,865, filed on April 10, 1992, entitled
"Multiple Access Coding for Mobile Radio
15 Communications™".

In the preferred implementation, the speech
encoder inserts two codewords designated "AA" at the
beginning of non-silent frames indicating that the
remaining forty speech symbols are to be transmitted.

20 Speech frames classed as silent begin by contrast with
two codewords "BB", the rest of the codewords in a
frame not being transmitted. The positions of these
codes, called "DTX flags" are illustrated in Fig. 3B.
Fig. 3A is substantially similar to Fig. 3B except that

25 the codewords "AA" and "BB" are not used.

Once the digitized speech signal has been
encoded with the block code and scrambled with the
cipher code, it is passed to a parallel-to-serial
converter 14. 1In this circuit the encrypted speech

30 ' signal is converted into a serial signal that is
provided to a modulator 16. A carrier signal at a
suitable carrier frequency f_  is modulated with the
encrypted speech signal, amplified in an amplifier 18

This Sheet Has Been Replaced
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'silent party in a two-party conversation. Wth this approach, the nunber of
conversations can then be doubled before the interference reaches the
original level. This technique is known as discontinuous transm ssion. In
the past, it_has been enployed in non-CDVA systens, such as the tine

di vision nultiple access pan-European digital cellular system which is
known as the GSM system A difficulty is presented when di sconti nuous
transm ssion is enployed in CDVA systens, however, due to the high tine
synchroni zati on accuracy which nmust be maintained to successfully decode
CDMA signals. If the transm ssion of a signal is interrupted for nore than

a - 11 -

and transmitted to the receiver 2 of the other
participant in the conversation.

At the receiver 2, which could be located in
a mobile unit for example, the transmitted signal is

5 received, demodulated to remove the carrier frequency
in a demodulator 20, and reconverted to parallel form
in a serial-to-parallel converter 22. The received
signal is then unscrambled in a decryption circuit 24
that is provided with the same cipher code that was

10 used to scramble the signal. Once the signal has been
unscrambled, it is provided to a Fast Walsh Transform
circuit 26 that determines which of the possible 128-
bit orthogonal code words was transmitted. In
operation, the Fast Walsh Transform circuit 26

15 simultaneously computes the correlation of the received
code word with each possible code word, and determines
the code word having the highest correlation. A
suitable Fast Walsh Transform circuit is described in
copending, commonly assigned U.S. Patent Application

20 Serial No. 07/735,805 filed on July 25, 1991, which is
expressly incorporated here by reference. This
determination is carried out in a signal discrimination
circuit 28. The so-discriminated code word is then
provided to a speech decoder circuit 30, which converts

25 it into the original speech signal.

In addition to the desired signal pertaining
to the conversation of interest, the receiver 2 also
receives signals pertaining to other conversations.

For example, the receiver in a mobile unit receives

30 signals broadcast from the base station to all of the
other mobile units within the cell. In essence, these
other received signals constitute noise relative to the
desired signal pertaining to the conversation of

interest. In a preferred implementation of the

This Sheet Has Been Replaced
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short period of time, the timng of a receiver may drift to the extent that
I t* does not imrediately recognize the point at which transm ssion resunes.
In the GSM system the use of -g+secoentinuous-transm ssion is facilitated by

the transm ssjon of a special c t..the beginning of a transmtter
shut - down period, to notify thquESﬁmtﬁasgce k a‘Qlinterruption in

transm ssion. However, this indi cﬁ‘ﬁﬂﬂﬂl’H 'H npl oyed -5- to reduce the
activity of the receiver. Rather, [

- 12 -

invention, these other signals are alsc individually
decrypted and decocded, in order of their received
signal strength. Once each of these "noise" signals is
determined, it can then be re-encrypted and subtracted
S from the original received signal, to thereby reduce
interfering noise and facilitate deceding of the
desired signal.
The general principles of the present invention
will now be described, and then the preferred
10 embodiments of Figs. 2-5 will be described.
The bandwidth expansion required to produce a CDMA
signal can advantageously be produced with the aid of a
low rate error correction code, such as orthogonal or
bi-orthogonal block coding using Walsh functions. For
15 example, a 13-16KB/S RELP encoded speech signal can be
expanded by a factor of 16 approximately to the 250-
270KB/S region by the use of a 128,7 orthogonal blecck
code or a 128,8 bi-orthogonal block code. Such codes
can be decoded very rapidly by means of a Fast Walsh
20 Transform circuit. One such circuit has enough speed
and capacity to decode 10's or 100's of such signals as
envisaged in the previously identified copending patent
applications. .
The nature of the signal produced by a RELP
25 . encoder is a block of bits representing encoded speech
. parameters over a certain frame period, usually 20mS.
The signal transmitted to convey this block of
information would, with the above assumption of
orthogonal block coding, consist of around forty, 128-
30 bit codewords. By the addition of DTX flags, the total
number of codewords transmitted pér frame becomes 42.
Which of the 128 possible, 128-bit orthogonal codewords
was transmitted each time may be determined with the
aid of a FWT circuit that simultaneously computes the



used to nute the audio output fromthe receiver during the period of no

I nput signal fromthe transmtter. U S. Patent No. 4,901, 307 discloses a
CDMA systemin which the transmitter is controlled to transmt in an
intermttent fashion with a variable duty factor that is contingent upon
the speech activity level. In the operation of this system the transmtter
Is not swtched off conpletely during speech activity. Rather, the duty
factor is established such that the transm ssions take place even during
peri ods of speech inactivity to provide enough information to nmaintain
recei ver synchronization. The purpose of this approach is to reduce the

t ot al - 13 -

correlation with each possible codeword, and then
determines the word having the highest correlation. 1In
the adaptive, subractive demodulator described in the
previously identified copending patent applications, a

5 number of such signals, each differently enciphered to
provide a means of discriminating them one from
another, are permitted to overlap, and the FWT decoder
decodes them and subtracts them in an order of received
signal strength that may be estimated from past

10 history. The capacity of such a system is in certain
circumstances not limited by theoretical bounds, but by
the amount of signal processing resources available to
demodulate a multiplicity of signals.

The advantages of the DTX method disclosed herein

15 is not only a halving of prevailing interference
levels, but also in reducing the number of signals that
the receiver is required to process at each decoding
cycle. The "discontinuous receiver" (hereinafter
referred to as DRX) probleﬁ for the receiver in this

20 case is to maintain a knowledge, separately for each of
the overlapping signals, of whether it has momentarily
discontinued transmission and if so when it is expected
to resume. This requirement is not so onercus on the
fixed network side of the mobile radio telephone

25 system, which is equipped to receive and decode all the
signals, but is a burden on the mobile station which is
only ultimately interested in decoding its own signal,
but which must, in the system of the previously
identified copending patent applications, demodulate

30 those stronger than its own first. The DTX/DRX
invention disclosed herein reduces the need to attempt
demodulation of 50% of those signals that are
momentarily silent, merely to discover that they are

silent.
This Sheet Has Been Replaced
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interference | evel while maintaining receiver synchronization, rather than
to reduce receiver signal processing resources. SUMWARY OF THE | NVENTI ON
The present invention provides—a_caonmmuni cations system which utilizes

"di sconti nuous transm ssion” ereinafter referred to as DTX) in a manner
(3 o . ml 3 . . . . .
t hat enabl es"recei ver synchrg g Bepheednai Nt ai ned whil e increasing

system capacity, and is ther rly well suited for use in CDVA
comuni cati ons systens. Towa cording to one aspect of the
present invention, a speech frame structure is deliberately inposed on the
speech

- 14 -

In a first aspect of the invention, a minimum time
unit of DRX is instituted, for example, a whole number
of 20mS speech frames. According to the first aspect
of the invention, a speech frame structure is

5 deliberately created even if the speech coding method

is inherently structureless, such as the bit-by-bit
CVSD coding technique. The invention thus includes the
definition of a fixed frame structure of duration equal
to the chosen DTX unit even for speech coders that

10 inherently lack a frame structure.

In a further development of the invention, a
receiver of multiple CDMA signals attempts demodulation
of a particular signal called the DTX flags and/or a
limited number of sequential codewords, and if the

15 signal on those occasions is not observed to reach a
minimum threshold of correlation with any valid code
sequence, no further atﬁempts at demodulating that
signal are made for a predetermined time commensurate
with the predetermined minimum DTX time unit, i.e.,

20 until the next occasion on which the DTX flags would be
expected. '

In yet a further development of the invention, the
speech frame structure of a multiplicity of overlapping
CDMA signals transmitted by the same base station

25 transmitter are given a fixed relative time-alignment
with or without a systematic offset between the
different signals, in order to allow mobile receivers
that are decoding at least one signal to anticipate
accurately when signals that have been temporarily

30 silent by virtue of DTX are likely to resume
transmission.

A uniformly staggered time alignment between the
frame structures of different signals can be
advantageously employed to evenly distribute the



encodi ng nmet hod, even for those encodi ng nethods which are inherently
structurel ess. The speech signal is exam ned for the presence or absence of
active speech. If no active speech is detected during the duration of an
entire frane, the transm ssion of that frame of digitized speech code words
is inhibited.” -6- I n another aspect of the invention, one or nore
codewords of a fixed value may be transmtted at the begi nning of each
frane to indicate to the receiver

- 15 -

instants at which differenf signals may resume
transmission, for example, by the transmission of the
DTX flags for the next frame. This arrangement evenly
distributes the resumption of receiver attempts to

5 demodulate them, and undesired peaks in receiver
activity are avoided.

. For example, assuming that a 20mS speech frame is
transmitted as forty, 0.5mS duration, 128-bit codewords
plus two DTX flags numbered 1 to 42 relative to a first

10 signal's speech frames and then repeating, the first
signal is constrained to discontinue or resume
transmission only on codeword number 1; a second signal
only on codeword number 2, and so forth.

In another development of the invention, the

15 speech frame timing of the mobile transmitter is taken
from the speech frame timing it receives from the base
station, so that the relative timing the base station
chooses on the downlink is mirrored in the relative
frame timing between different mobile transmitters on

20 the uplink, thus providing the base receiver also with
the benefits of staggered frame alignment.

Another aspect of the invention concerns the use
by a mobile receiver of signal synchronization and
frame alignment information on other signals than that

25 destined for it in order to maintain synchronization
with the base station during periods of DTX of the
signal destined for that mobile receiver.

In Figure 2, an embodiment of a mobile unit
transmitter for implementing the principles of the

30 present invention is illustrated in greater detail in
block diagram form. Figures 3A and 3B illustrate the
nature of the signals which are transmitted from the
base station. Referring to Figures 2, 3A and 3B,
speech that is generated at the mobile unit during a

This Sheet Has Been Replaced
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"whet her the remainder of the frame will be transmitted or not. As a further
freature of the invention, a receiver of a CDVA signhal that is transmtted
pursuant to the foreg0|ng principle attenpts to denodul ate that signal for
a |imted nurber—of "Sequential code words. If the signal is not observed to
reach a n1nlnumm&ﬂ&&ﬂmﬂahxﬁmmﬂrrelatlon with a valid code sequence, no

further attenpt ng that signal are carried out for the
remai nder of th lﬂﬂ time corresponding to the speech frame. If
the receiver is pe ich receives and denodul ates mul tiple
signals, as disclosed in U S. Patent No. 5,151,919 and U.S. application

Serial No 07/739, 446, for exanple t-hgaeg -

telephone conversation is input to a digitizer 32,
which converts the analog speech signal into a digital
signal in accordance with any suitable algorithm for
doing so, such as those mentioned previously. As is

5 conventional in many of these systems, in addition to
producing a digitized speech signal, the digitizer 32
generates an output signal which indicates whether or
not active speech is present at any given time. Thus,
for example, during a pause in the conversation as

10 shown in Figure 3A, the speech activity output signal
would go to a binary low state to indicate no activity.

The digitized speech signal from the
digitizer 32 is preferably provided to the framing
circuit 34 which imposes the predetermined frame

15 structure on the digital speech signal. For example,

' each frame could be 20 milliseconds in duration. 1In
the example described herein, a 128,7 block encoding
technique is employed. Accordingly, each group of
seven data bits in the digitized speech signal

20 comprises one block Bn. Within the framing circuit 34,
therefore, each frame of data could comprise 40 7-bit
blocks of data, each of which is 0.5 millisecond in
duration. The beginning of each frame is determined by
a frame sync signal that is provided to the framing

25 circuit 34.

Some forms of speech digitizers inherently
provide a frame structure to the digitized signal. 1In
such a case, the function of the framing circuit 34 is
incorporated in the digitizer itself, and therefore

30 does not reside as a separate element of structure.

One example of a digitizer which operates in such a
fashion is a RELP encoder. Other digitizers do not
operate in such a fashion to inherently provide a frame



decodi ng of one of these other signals can be carried out during the

remai nder of the discontinuous transm ssion tinme period in which the first
signal is not decoded. Further in accordance with this aspect of the

i nventign, the speech franme structures of a nultiplicity of overl apping
CDMVA signal s"transnitted fromthe sane base station are given a fixed
relative time alignment. This alignnment of the signals allows nobile
receivers that are decoding at | east one signal to accurately anticipate
when ot her signals, that have been tenporarily silenced through

di sconti nuous transm ssion, are likely to resune transm ssion. Thus,

- 17 -

structure to the digitized speech. With these types of
digitizers, the framing circuit is provided to receive
the digitized speech signal and divide it into frames
of the predetermined length.

5 Once the speech signal has been digitized and
divided into frames, it is provided to a CDMA
modulator. This modulator can comprise an orthogonal
block encoder 36 and an encryption unit 38 to scramble
the block codes in a manner specific to the mobile

10 transmitter, as described previously. Within the
encoder 36 each block of 7 data bits is converted into
a 128-bit codeword for transmission. The frame
structure of the data is maintained within the encoder
and the encryption unit, so that each transmitted frame

15 comprises 40 128-bit codewords. The encrypted signal
is converted to serial form in a parallel-to-serial
converter 40 and modulated onto a radio carrier
frequency in the modulator 42. The modulated signal is
provided to an amplifier 44 which can be selectively

20 disabled to inhibit transmission of the encrypted
signal.

The speech activity signal from the digitizer

32 is provided to the framing circuit 34. Normally,
the framing circuit 34 provides an output signal which

25 enables the amplifier 44 to present the amplified
signal to the antenna for transmission. However, if
the speech activity signal indicates that no speech
activity exists for a whole frame, e.g., the entire 20
millisecond duration of a frame, the enable signal to

30 . the amplifier 44 is removed to inhibit the transmission
of an encrypted frame which contains no speech
information. 1In other words, no transmission of the
speech signal occurs for the duration of each frame

which contains no speech information. —-
This Sheet Has Been Replaced
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recei ver synchroni zation and franme alignnment information can be obtained
fromsignals other than the specific information signal destined for the
receiver. Preferably, the tinme alignnment relationship enploys a fixed
pattern of offset between the different -7- signals. This arrangenent
causes the tfnmes at which the different signals can resune transm ssion to
be evenly distributed over the period of a speech franme. Thus, the tines at
whi ch the receiver attenpts to

- 18 -

The present invention, therefore, includes
speech activity detection at the transmitter. This can
best be performed with the RELP speech coder where a
better decision can be made between speech and no

5 speech by means of a more sophisticated analysis than
mere signal amplitude. For example, a change in the
spectrum of the microphone signal is indicative of some
acoustic event other than background noise. The speech
encoder can also measure background noise levels when

10 speech is deemed not to be present in order to set a
speech/no-speech decision threshold. This decision is
taken only for complete frames of the speech frame
structure imposed for the purposes of the invention.
The frame structure for which speech/no-speech

15 decisions are taken may comprise one; two or more
frames of a RELP coder (e.g. 1, 2 or more 20 ms
periods).

The transmission or blocking of speech
signals occurs over whole-frame intervals. Thus, if

20 part of a frame contains speech information and the
remainder of the frame corresponds to no speech
activity, the entire frame is still transmitted. 1In
this manner, none of the speech information is lost.

It is only when the entire frame, i.e. all 40 blocks of

25 data, lacks speech information that the transmission of
.the frame is blocked at the amplifier 44.

An embodiment of a transmitting unit for a
base station in the mobile radio telephone system is
illustrated in Figure 4. The base station transmitter

30 contains multiple channels, one for each communication
that occurs within the cell to which the base station
is assigned. 1In Figure 4 one channel_is illustrated,
although in practice a large number of channels would

be present.
This Sheet Has Been Replaced
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denodul ate the various signals is also distributed, avoiding undesired
peaks i:n receiver activity. According to a further feature of the
i nvention, the speech frame timng for transm ssions froma nobile
transmtter is derived fromthe speech frame timng of signals it receives
fromthe base station. Thus, the relative timng that the base station
chooses for ThissharisBea®splicedm t he base station to the nobile receiver is
reflected in rane tim ng between different nobile
transnissionsl [ tation, thereby providing the base station
receiver with I'ts of staggered franme alignnent.

..19_

Synchronization pulses, which determine the timing
of the frames of digitized speech information for each
channel, are generated by a frame alignment pulse
generator circuit 56. The generator circuit 56

5 determines the relative DTX frame alignment between the
different signals and preferably staggers the frame
alignment as illustrated in Figs. 3A and 3B.

In general, the structure of a single channel of
the base station transmitter of Fig. 4 closely

10 resembles a single channel of the transmitter of the
mobile unit illustrated in Figure 2. Each channel of
the base station includes a digitizer 32 for digitizing
a speech signal from the frame alignment pulse
generator 56, a framing circuit 34 for structuring the

15 digitized speech signal and an encoder 36 for -
converting the digitized speech signal into a spread
signal, e.g. an orthogonal signal, and scrambling the
converted signal, if appropriate. After conversion
into a serial signal, the encrypted speech signal is

20 modulated into a carrier frequency in modulator 42.

The modulated speech signal from the
modulator 42 is presented to a summer 46 where it is
summed with the modulated speech signals from the other
channels. The summed signals are amplified in an

25 amplifier 48 and simultaneously transmitted via an
antenna 50.

Prior to being presented to the summer 46,
the output signal from each modulator is individually
adjusted to an appropriate level by an eléctronically'

30 controlled attenuator 52. The power levels of the
various speech signals to be transmitted are
dynamically adjusted relative to one another pursuant
to suitable criteria. For example, the level of each
signal can be adjusted according to signal strength or



‘The foregoing features of the present invention, as well as the advantages
provi ded thereby, are explained in greater detail hereinafter with
reference to preferred-enmbodinents—of the invention illustrated in the
acconpanyi ng, dr awi ngsis SIBRIHaFBRGREGTI ON OF THE DRAWNGS Figure 1 is a

bl ock dlagran1of a ons systemof a type in which the
present invention ca H ﬂmH %
di agram of a transmt

usly enpl oyed; Figure 2 is a block

| e station which operates in accordance
with the principles of the present invention; Figures 3A and 3B are signal
di agr anms

- 20 -

correlation magnitude measurements made by the base

station receiver on signals received from corresponding

mobile transmitters, in concert with information of the

mobile transmitter power settings that the base station
5 network commanded them to use.

. The modulated signal also passes through an
inhibit/enable switch 54 prior to presentation to the
summer 46. The state of this switch is controlled by
the framing circuit 34, in accordance with the speech

10 activity signal from the digitizer 32. When speech
data is present in a digitized frame, the switch 54 is
placed in the enable state, illustrated in Figure 4, so
that the modulated speech signal is forwarded to the
summer 46. However, when no speech activity occurs

15 over a whole frame, the switch 54 is placed in the
inhibit state for the duration of that frame. In this
case, no transmission of the speech signal for that
channel takes place during that frame. However, the
speech signals for other channels continue to be

20 transmitted if they contain active speech data.

In the transmitter of Fig. 4, each frame-
structured signal is presented as a fixed number of
symbols to the spread-spectrum encoder 36 that is
preferably a low-rate, error-correction coder such as

25 an orthcgonal block encoder. A symbol is for example a
7 or 8-bit byte and the number of symbols in a DTX
frame is for example 40. Each such symbol is converted
by the orthogonal block encoder 36 to a 128-bit
codeword that is then enciphered by using the code

30 specific to that particular signal. The enciphered
signal is impressed on a radio frequency carrier by
modulator 42, the output level from the modulator 42 is
adjusted to a desired value by the electronically
controlled attenuator 52, and then passed through an



I'l'lustrating the digitization and encodi ng of speech signals with a frane
sttucture in accordance with the principles of the present invention;

-8- Figure 4 is a block diagramof a transmtter for a base station which
operates in accordance with the principles of the present invention; Figure
5 is a block 'diagramof a receiver for discontinuous transmn ssions,
constructed in accordance with the principles of the present invention.

- 2] -

‘inhibit/enable switch, 54, which is preferably
contrelled by the frame-constrained DTX signal, to the
summer 46 where it is added with other, level-
controlled signals before the sum is amplified to a
5 transmit power level in the common, linear, transmit
power amplifier 48. It should be pointed out that the
relative level adjustment provided by the controlled
attenuator 52 is preferably decided for each signal
dyhamically using signal strength or correlation
10 magnitude measurements made by the base station
receiver on uplink signals from the corresponding
mobile transmitters, together with knowledge of the
mobile transmitter power settings that the base station
network signalled to them to use. The optimum strategy
15 for such power control is disclosed in copending,
commonly assigned U.S. Patent Application Serial No.
866,554, filed on April 10, 1992, entitled "Duplex
Power Control”,
The effect of the frame-constrained DTX control in
20 the base station is shown in Figs. 3A and 3B for the
case of uniformly staggered frame alignment imposed by
the controller or frame alignment pulse generator 56.
Each signal is constrained to discontinue or resume
transmission only on its own DTX frame boundaries,
25 which have a fixed time relationship between different
signals.

The preferred arrangement of a DRX receiver
adapted to take advantage of the staggered DTX frame
time~alignment is shown in Fig. 5. A receiver

30 downconvertor or demodulator 60 converts the radio
frequency signal into digitized samples suitable for
digital signal processing. These samples are decrypted
in a decryption circuit 62 first with the cipher code

This Sheet Has Been Replaced
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- DESCRI PTI ON OF THE | LLUSTRATED-EMBOBHVENTS—Te—f acilitate an under st andi ng

of the present invention, its.npl. ntatLom i.n a I fi

radi o tel ephone systemis desg?? 2lthdh k¢ cgr. Tﬁgegbggff}zp?ygg gﬁllular
cellular radio tel ephone systen} 1 ﬁHm i bed is one which operates on
the basis of- code division nulth ) to differentiate various
communi cations fromone another. It will be appreciated by those having

of the present fnvention (o not Iimtedto this particular type of cystem
In fact, the invention can be enployed in systenms which use Y
- 22 -
belonging to the first of the multiple signals
transmitted by the base station that is to be examined.
This first cipher code is designated k1. After
decryption, the signal samples are presented to a Fast
5 Walsh Transform circuit 64 which determines the
correlation of the samples with each of the possible
codewords that could have been transmitted. That
having the largest correlation is selected, and its
index is the decoded symbol. The largest correlation
10 is then set to zero to remove that signal and then the
remaining correlations are inverse Fast Walsh
Transformed in a circuit 66 and re-enciphered in a
circuit 68 to return the residual to the original
signal domain. The output signal is then applied to an
15 exactly similar procedure adapted to the deciphering
code of the next signal to be extracted. This may
practically be achieved by iteratively recirculating
the signal through the same circuits 62, 64, 66 and 68
again. Because of the imposed relative frame timing,
20 the receiver is able to predict at which codeword each
signal is liable to discontinue or resume transmission.
When that moment arrives, the receiver examines the
output of the decoder for that signal to determine if
transmission has been discontinued. The decision can
25 be based on the relative level of the correlation
compared to the mean of the previous frame. If it is
suspected to have discontinued transmission, the
demodulated signal'is not subtracted for that frame.
Moreover, a DTX/DRX scheduler 70 notes that the signal
30 is suspected to have discontinued transmission. A
number of instances of low correlation may be required
before the DTX/DRX scheduler 70 decides definitely that
a signal has discontinued transmission, and removes it
from the list of cipher codes presented to the decoder



Iéchniques ot her than CDVA to distinguish various comrunications from one
anot her. However, as will be appreciated fromthe foregoingﬂdisguss+on—aﬂd~

the following description, the invention provides particul a a

results in a CDVA-based system and therefore is descrlbed 3 !ﬁkgﬁ% G

To further facilitate an understanding of the invention, F
q

I s described where a 128,7 orthogonal bl ock encodi ng techn
to provide error correction and CDVA nodul ati on. Again, however, the
principles of the present invention are not limted to comunications
systens which enploy this encodi ng techni que.
_23-
for the rest of the fixed DTX frame. The omitted k4 in
the list in figure 5 is illustrative of such a case.
The DTX/DRX scheduler 70 is also able to predict
at which codeword a particular signal is likely to
5 resume transmission. When that moment arrives, the
cipher code appropriate to that signal is re-inserted
in the decoding list. If sufficiently significant
correlation is achieved on one or a consecutive number
of opportunities, the code is left in the list,

10 otherwise it is removed until the start of the next
frame period for that signal. Because a relatively
small number of consecutive low correlation results
suffices to give a reliable indication of DTX (for
example 3 or 4 out of a frame of 40), the signal

15 processing load caused by signals that have temporarily
discontinued transmission is largely removed.

According to the disclosure of U.S. Patent No.
5,151,919 and U.S. Patent Application Serial No-.
07/739,446, the signals are preferably demodulated in

20 order of historical signal strength. Moreover, that
order may be dynamically adapted as signals fade up and
down relatively. The present DTX/DRX invention helps
to distinguish fading of a transmission from
discontinuance of a transmission. This can be done,

25 for example, by delaying updating the signal strength '
history for the first few codewords of a frame, until
it has been determined whether that signal has
discontinued transmission or not. Moreover, the
signal-strength-sorted demodulation order can be

30 applied to help distinguish DTX from fading. For
example, if at the beginning of a frame low correlation
leads to a suspicion of DTX, the order of demodulation
of that signal can be placed lower down the signal-
strength sorted list on the subsequent decoding cycle.



-9- An overall view of a CDVA-based cellular radio tel ephone system of the
Is illustrated in

bl ock diagramformin Figure 1. In this view, one transnmitter 1 and one

type in which the present invention can be inplenented,

receiver 2 are depicted in block form The transmtter

m ght be present

a base station of the radio tel ephone conmunications system and the

receiver could be |ocated in a nobile unit, for exanple. Alternatively,

transmtter

10

15

coul d be that

- 24 -

If the correlation was low because of fading rather
than DTX, it has a chance of being observed at a lower

signal level on subsequent frames, thus denying the DTX

postulate and causing instead update of the signal
strength history in a downward direction.

Because for each signal the above manipulations
are required only once per DTX frame (i.e. 20mS),
simple microprocessor has enough capacity to perform
the necessary computations for the total number of
active signals present in the decoding list. A
software implementation of the DTX/DRX scheduler 70 is
therefore preferable.

While the invention has been described in its
preferred embodiments, it is to be understood that the
words that have been used are words of description
rather than of limitation, and that changes within the
purview of the present claims may be made without
departing from the true scope of the invention in its
broader aspects.

————
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of a nobile unit with the receiver |located in a base station. Referring to
Figure+1l, speech which is generated—by—one of the participants in a
t el ephone conversation is providef;ag i nput signal to a speech encoder
10a. This speech encoder can be a Wi ffiRepleat oder whi ch converts the
speech sighal*into a digital signaﬂ i any of the well known
types of speech digitizing al gori th#e of such al gorithnms which
are enpl oyed in conventional speech encoders include Continuously Vari able
Sl ope Delta Mdul ation (CVSD), Adaptive Delta Pul se Code Mdul ati on
(ADPCM, Residual Excited Linear Predictive Coding )

- 25 -

IN THE CLAIMS:

1. An improved transmitter for spread spectrum
code division multiple access radio communication
signals, having a speech digitizer for speech signals,

5 comprising:

means for assembling the digitized speech from the
speech digitizer into fixed frames corresponding toc a
fixed whole number of symbols;

means for generating an activity indication for

10 each fixed frame containing speech activity; and

means for inhibiting the transmitter when there is
no activity and for resuming the transmitter, only at
fixed frame times identified by the activity
indication.

15 2. An improved receiver for receiving spread
spectrum code division multiple access radio
communication signals, comprising:

means for deciding whether a transmitter has or
has not discontinued transmission only at predetermined

20 fixed frames which correspond to frames of speech
symbols at the input of the speech decoder, and

means, responsive to the deciding means, for
causing the receiver to output a default audio signal
upon deciding that there is a discontinuance of

25 activity from the transmitter.

3. An improved.transmitter according to claim 1
wherein a plurality of radio signals are added with
controlled multiplying weights for transmission by a
common transmitter amplifier and antenna combination,

30 each radio signal being capable of being discontinued
for a fixed frame consisting of a time period

R




(RELP) and Vector Code Book Excited Linear

particul ar type of encoder that is used in a given application wll
upon various destgh—factors, Such as the desired conpron se between bit
rate reduction ang,.efcoaasBeedRebla@ttd conpl exity. After the speech signa

been dlgltlzéd In t , 1ts bandwi dth is expanded to produce a
CDMVA signal in a | u . In the preferred inplenentation, this
CDVA bandwi dt h exp ned by neans of 128, 7 orthogonal bl ock

encoding. In addition to block encoding the digitized speech signal,

encryption device 12 al so scranbl es the

10

15

20

25
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corrasponding to a whole number multiple of the spread

spectrum code units.

4. An improved transmitter according to claim 3
in which the fixed frames for each of said plurality of
signals have a fixed time alignment with respect to

each other.

5. An improved transmitter according to claim 4
in which said fixed time alignment is relatively
staggered between said signals.

6. An improved receiver according to claim 2
wherein upon detecting discontinuance of a transmitted
signal, the receiver does not attempt to decode that
signal until the beginning of the next fixed frame
associated with that signal.

7. An improved receiver according to claim 6 for
simultaneously receiving multiple radio communication
signals in which said signals are demodulated and
decoded in units of a fixed number of spreading code
symbols and in decreasing order of historically
predicted relative signal strength until a desired
predetermined signal is demodulated and decoded.

8. An improved receiver according to claim 7
wherein further attempts to decode a signal having a
predetermined spreading code are discontinued for the
remainder of said fixed number of spreading code
symbbls when said signal fails to reach an expected
signal strength threshold.

AT AR

Predictive Codi ng (VSELP)

depe
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The
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10 - encoded signal with a unique cipher code that is assigned

comuni-cati on. The encryption can, for exanple, consist of the bit
nodul o-2 addition of a unique scranbling code to the block code before
transm ssion. Since all conmunications preferably enploy the-sane bl ock

t he uni que ci pher codes enabl es the various comuni cat

to the
W se

placed

codes to expand their bandw dth, the scrambl i ng of trnmﬁmggggqﬁsugnals wth
€]

di stingui shed from one another, as described in greate mmw
previ ously nentioned copendi ng patent

10

15

20

25

30
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9. An improved receiver according to claim 8
wherein the fixed frames for different signals start at
different predictable times and attempts to demodulate
and decode one signal do not resume at the same time as
for other signals.

10. An improved receiver according to claim 5
wherein the improved receiver maintains synchronization
with the transmitter during frames of discontinued
transmission by demodulating a signal destined for
another receiver.

11. An improved radio communication system
including an improved transmitter for spread spectrunm
code division multiple access radio signals, having a
speech digitizer for speech signals, and an improved
receiver having a speech decoder, for receiving the
code division multiple access radio communication
signals, wherein the improvement comprises:

means for framing the output of the speech
digitizer into fixed frames corresponding to a fixed
whole number of speech signals; '

means for generating an activity indication for
each fixed frame;

means for inhibiting transmission of said fixed
frame of symbols when no activity is indicated and for
resuming the transmission only for whole fixed frames
identified by said activity indication;

means for deciding at the receiver whether the
transmitter has or has not inhibited transmission of a
fixed frame, and

means, responsive to the deciding means, for
causing the receiver to output a default audio signal

U




applications which are incorporated by reference and in copendi ng, conmonly
assigned U S. Patent Application Serial No. 866,865, filed on April 10,

1992, entitled "Miltiple Acces qul g for Mobil e Radi o Communi cations”. In
t he preferred I npl ement ati on, b@ér i nserts two codewords
designated " AA" at the beginnin frames indicating that the
remai ni ng forty speech synbol s smtted. Speech frames cl assed
as silent begin by contrast with tmo codemor s "BB", the rest of the

codewords in a frame not being transmtted. The positions of these codes,
called "DTX flags" are illustrated in Fig. 3B.
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upon deciding that transmission of a frame has been
inhibited.

12. An improved communication system according to
5 claim 11 wherein the transmissions discontinue or
resume only at the boundaries of the fixed frames.

13. An improved receiver according to claim 2
wherein the default audio signal output upon the
discontinuance of new information from the transmitter

10 is dependent upon data received earlier from the
transmitter.

14. An improved receiver according to claim 2,
wherein the deciding means decides whether the
transmissions discontinue or resume at the boundaries

15 of the fixed frames.

15. An improved receiver according to claim 2,
wherein the receiver decodes a new frame and ceases to
decode, if after a predetermined number of symbols no
signal is found, and the receiver does not resume

20 decoding until after the beginning of the next frame
which is a fixed number of symbols later.

16. An improved transmitter according to claim 1,
wherein the frames include a fixed number of speech
symbols and each frame includes one or more known

25 symbols which are always transmitted, the known symbols
indicating to the receiver whether the rest of the
frame is transmitted or not.

17. An improved receiver according to claim 2,
wherein known symbols are used to determine whether the

AU




‘Fig. 3Ais substantially simlar to Fig. 3B except that the codewords "AA"
ahd "BB" are not used. Once the digitized speech signal has been encoded
with the bl ock-code-and scranbled with the cipher code, it is passed to a
parallel-to serial. onverter 14. In this circuit the encrypted speech

si gnal i's 'cohvert s ee glagyd sjgnal that is provided to a nodul ator
16. A carrier sig |l e carrier frequency f is nodulated with
the encrypted spe lified in an anplifier 18

_29-

receiver attempts to decode the whole frame or suspends
deceding until the next frame when the known symbols
are next transmitted.

18. An improved communications system according
5 to claim 11, wherein the radio communication signals
overlapping on the same frequency have staggered frame
alignments, such that their respective instants for
discontinuing or resuming transmission do not fall at
the same instant, but are distributed over a frame

10 period.

19. An improved communications system according
to claim 11, wherein the radio communication signals
overlapping on the same frequency have staggered frame
aligmment, each frame having at least one known symbol,

15 such that their respective known symbols are not
transmitted at the same instant but are distributed

over a frame period.

20. An improved communications system according
to claim 11, wherein the improved transmitter is
20 disposed in a cellular base station and the improved
receiver is disposed in a mobile station.

21. An improved communications system according
to claim 11, wherein the improved receiver is disposed
in a cellular base station and the improved transmitter

25 is disposed in a mobile station.

22. An improved communications system according

to claim 20, wherein the transmitter of the mobile
station determines the time alignment of the frames for

I \
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and transmtted to the receiver 2 of the other participant in the
conversation. At the receiver 2, which could be located in a nobile unit
for exanple, the transmtted signal is received, denDduIated to renove the
carrier frequency in a denodul ator 20, and reconverted to to paralTe—formiw
a serial<totparallel converter 22. The received signal |sTMh$ﬁmunﬂg g?
In a decryption circuit 24 that is provided wth the sane

was used to scranble the signal. once the signal has been bﬁ
is provided to a Fast Walsh Transformcircuit 26 that detern1n

the possible 128- bit orthogonal code words was transmtted. In

- 30 -~
transmission based upon time alignment of frames
received from the base station transmitter.

23. An improved radio communication system
including an improved transmitter for transmitting
5 radio communication sighals having a speech digitizer
for speech signals, and an improved receiver for
receiving the radio communication signals having a
speech decoder, wherein the improvement comprises:
means for framing digitized speech from the speech
10 digitizer into fixed frames corresponding to a fixed
whole number of bits;
means for generating an activity indication for
each fixed frame based on speech activity:;
means for discontinuing the transmitter when there
15 is no activity indication and for resuming the
transmitter only at fixed frames identified by the
activity indication;
means for deciding whether the transmitter has or
has not discontinued transmission only at préaétermined
20 fixed frames which correspond to frames of speech bits
at the input of the speech decoder, and
means, responsive to the deciding means, for
causing the receiver to output a default auﬁic signal
upon deciding that there is a discontinuancé of
25 .activity from the transmitter.

24. A method for communicating speech
information in a cellular radio telephone ‘system,
comprising the steps of:

digitizing a speech signal and dividing the

30 digitized signal into frames of predetermined length:;
detecting whether the speech signal
represents active speech;

———————
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-operation, the Fast Wal sh Transformcircuit 26 simnultaneously conputes the
correl-ation of the received code word with each possi ble code word, and
determ nes the code word having the highest correlation. A suitable Fast
Wal sh Transformcircuit is descihibfheetiHas Brepiaptltedg, commonl y assigned U. S.

Pat ent Appl'i €ation Serial No. 07/ on’ July 25, 1991, which is
expressly incorporated here by r

determ nation is carried out
in a signal discrimnation circui

he 'So-di scrim nated code word is
then provided to a speech decoder CIrCUIt 30, which converts it into the
original speech signal. In addition to the desired signal pertaining
_31_
encoding the digitized signal with a code
related to the communication;
transmitting the encoded signal to a
receiver;

5 inhibiting the transmission of a frame of the
encoded signal when the portion of the speech signal
associated with that frame does not represent active
speech;

receiving the transmitted signal at a
10 receiver;
decoding the received signal, relative to
said communication code, at the beginning of a frame of
the signal to obtain digital data;
determining whether the obtained digital data
15 meets a minimum correlation threshold;
continuing to decode the received signal for
the remainder of the frame if the digital data meets
the correlation threshold; and
inhibiting the decoding of the received
20 signal for the remainder of the frame, relative to said
communication code, when the digital data does not meet

the correlation threshold.

25. The method of claim 24 wherein said
communication code includes a spreading code having a
25 predetermined number of symbols, and wherein each of
said frames comprises a whole number multiple of saiad
predetermined number of symbols.

26. The method of claim 24 further including
the step of resuming the decoding of the received
30 signal, relative to said communication code, at the
beginning of the next received frame in the signal

1
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to the conversation of interest, the receiver 2 also receives signals
pertaining to other conversations. For exanple, the receiver in a nobile
unit receives signals broadcast fromthe base station to all of the other

nobile units within the cell. In essence, these other received signals
constitute hcise relative to the desired signalpertaining to the
conversation of interest. In a preferred inpl enertisshecdBasBeentReglaced - 12 -

i nvention, these other signals are al so |nd|V|dua1

] i

after inhibiting said decoding for the remainder of a

- 32 -

previous frame.

27. A method for transferring speech
communication from a base station to respective mobile
5 units in a cellular radio telephone system, comprising
the steps of:
digitizing a plurality of speech signals and
dividing each digitized signal into frames of
predetermined length;

10 detecting whether each speech signal

represents active speech;
encoding each digitized signal with a code
related to the mobile unit for which the respective
speech signal is intended;

15 inhibiting the transmission of each frame of
each encoded signal that is not associated with active
speech;

combining the encoded signals and
transmitting the combined signals;

20 receiving the transmitted combined signals at
a receiver;

decoding the received combined signal,
relative to one of said communication codes, at the
beginning of a frame to obtain digital data;

25 determining whether the obtained digital data
meets a minimum correlation threshold;

continuing to decode the received signal
relative to said one code for the remainder of the
frame if the digital data meets +hée correlation

30 threshold; and

inhibiting the decoding of the received
signal for the remainder of the frame, relative to said

RRR L




-decrypted and decoded, in order of their received signal strength. Once
each of these "noise" signals is determned, it can then be re-encrypted
and subtracted 5 fromthe original received signal, to thereby
reduce interfering noise and facilitate decoding of the desired signal. The
general *pri'nei pl es of the present invention will now be deskhisiShetHas Bed Regheet
the preferred 10 enbodi nents of Figs. 2-5 will be des

bandw dt h expansi on required to produce a CDVA signal can ad e
produced with the aid of a lowrate error correction code, such as

ort hogonal or bi-orthogonal bl ock coding using Wal sh functions. For
- 33 -

one code, when the digital data does not meet the
correlation threshold.

28. The method of claim 27 further including
the step of decoding the received signal relative to a
5 second code at the beginning of a frame of the signal
associated with said second code.

29. The method of claim 27 wherein the
frames of all of said digitized signals have a
predetermined time alignment relative to one another.

10 30. The method of claim 29 wherein the
frames of each respective digitized signal are offset
by a predetermined amount relative to the frames of
each of the other digitized signals.

31. A method for transmitting speech
15 information in a cellular radio telephone system,
comprising the steps of:
digitizing a speech signal and dividing the
digitized signal into frames of predetermined length;
detecting whether the speech signal
20 represents active speech;
encoding the digitized signal with a code
related to the communication; |
~ transmitting the encoded signal to a
receiver; and
25 inhibiting the transmission of a complete
frame of the encoded signal when the portion of the
speech signal associated with that frame does not
represent active speech.

B



15 exanple, a 13-16KB/S RELP encoded speech signal can be expanded
by- & factor of 16 approximately to the 250- 270KB/ S region by the use of a
128, 7 orthogonal block code or a 128,8 bi-orthogonal block code. Such
codes can be decoded very rapidly by neans of a Fast Wal sh 20
Transforim<sCiecuit. One such circuit has enoaghsbﬁ@kdBanaqmaﬁaC|t to

decode 10's or 100's of such signals as envis vi ously

i dentified copendi ng patent appllcatlons The S|gnal pr oduced
by a RELP 25 encoder is a block of bits represen I'ng encoded speech
paraneters over a certain franme period, usually 20nS. The signa

transmtted to convey this block of - 34 -

32. An improved receiver according to claim
17 wherein said known transmitted symbols are used by
said receiver to establish a coherent reference for

demodulation.

5 33. An improved receiver according to claim
17 wherein said known transmitted symbols are used by
said receiver to estimate the impulse response of the

communications channel.

34. A method for communicating speech

10 information in a cellular radio telephone systen,

comprising the steps of: '
digitizing a speech signal and dividing the

digitized signal intc frames of predetermined length;
detecting whether the speech signal

15 represents active speech;

encoding the digitized signal with a code
related to the communication;

transmitting the encoded signal to a
receiver;

20 inhibiting the transmission of a frame of the
encoded signal when the portion of the speech signal
associated with that frame does not represent active
speech; _

receiving the transmitted signal at a
25 receiver;
decoding the received signal, relative to
said communication code, at the beginning'of a frame of
the signal to obtain digital gdata;
determining whether said digital data

30 corresponds to a symbol indicative of speech activity

indication or a no-speech indication;

AN




“information would, with the above assunption of orthogonal bl ock coding,

consi st of around forty, 128- 30 bit codewords. By the addition of
DTX flags, the total nunber of.sodeme+ds—fran§ﬁffted per frane becones 42.
Whi ch of the 128 possible, 128- b|t Bognnalepe@aevor ds was transmitted
each tifer ey be determ ned wi t h'¥ circuit that

si mul t aneously conputes the - Hﬁ\ ‘“Evr: w th each possible
codeword, and then determ nes the e highest correlation. In

- 35 =

continuing to decode the received signal if
said digital data corresponds to a speech activity
indication; and
inhibiting decoding of the received signal
5 for the remainder of the frame if said digital data
corresponds to a no-~speech indication.

35. A method for transferring speech
communication from a base station to respective mobile
units in a cellular radio telephone system, comprising

10 the steps of:

digitizing a plurality of speech signals and
dividing each digitized signal into frames of
predetermined length;

detecting whether each speech signal

15 represents active speech;

encoding each digitized signal with a code
related to the mobile unit for which the respective
speech signal is intended:;

inhibiting the transmission of each frame of

20 each encoded signal that is not associated with active
speech;

combining the encoded signals and
transmitting the combined signals;

receiving the transmitted combined signals at

25 a receiver; '

decoding the received combined signal,
relative to one of said communication codes, at the
beginning of a frame to obtain digital data;

determining whether said digital data

30 corresponds to a symbol indicative of speech activity
indication or a no-speech indication;

AR R



‘thé adaptive, subractive denodul ator described in the previously identified
copendi ng patent applications, a nunber of such signals, each differently
enci phered to provide a nmeans of discrimnating themone from another, are
permtted to overlap, and the FW decoder decodes them and subtracts them
in an order ®of received signal strength that may be estimated from past

hi story. The capacity of such a systemis in certain circunstances not
limted by theoretical bounds, but by the amount of signal processing
resources available to denodulate a multiplicity of signals. The advant ages
of the DTX nethod di sclosed herein is not only a halving of prevailing
interference - 36 -

continuing to decode the received signal if
said digital data corresponds to a speech activity
indication; and
inhibiting decoding of the received signal
5 for the remainder of the frame if said digital data
corresponds to a no-speech indication.

This Sheet Has Been Replaced
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"l evel s, but also in reducing the nunber of signals that the receiver is
réqlired to process at each decoding cycle. The "discontinuous receiver"
(hereinafter referred to as DRX) problemfor the receiver in this case is
to maintain a know edge, separately for each of the overlapping signals, of
whet her <i*t* #as nonentarily di scontinued transnission and if so when it is
expected to resune. This requirenent is not so onerous on the fixed network
side of the nobile radio tel ephone system which is equipped to receive and
decode all the signals, but is a burden on the nobile station which is only
ultimately interested in decoding its g signal, but which nust, in the
system of the previously

ABSTRACT OF THE DISCLOSURE
A cellular radio telephone system employs

discontinuous transmission and reception of speech
signals to conserve receiver processing resources. A

5 frame structure is imposed on digitized speech data to
divide the data into units of fixed transmission time.
When no active speech is present for the entire
duration of a frame, transmission of that frame of data
is inhibited. At the receiver, decoding of received

10 bits is performed to determine correlation with a
defined set of code words. If no correlation is found
after the first few received bits of a frame, -due to
the absence of active speech data, decoding is
discontinued for the remainder of the frame's duration.

15 This approach frees up the receiver's resources for
other tasks, such as decoding of other received
signals. Frames of data from different sources are
transmitted with a defined time alignment to enable the
receiver to remain synchronized in the absence of

20 transmitted data. The frames associated with different
sources are staggered relative to one another, to
distribute processing loads at the receiver.

e
e e
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idéntified copendi ng patent applications, duh_h Rt nge b
:its own first. The DTX/ DRX invention dlsclos Eiﬁﬁmu&$d' 3 T he” need to
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The present invention is directed to cellular
radio communications systems, and more particularly to
systems which employ code division multiple access
(CDMA) to distinguish different communications within a
cell from one another. .

In a cellular radio communications system, a
geographical area is divided into cells where
neighboring cells are generally allocated different
components of a communications parameter, to avoid
interference. In early cellular systems, this
conmunication parameter was the carrier frequency over
which the communications were transmitted. Thus, to
avoid interference, neighboring cells used different
sets of mutually exclusive communications fregquencies.
Cells that were at a distance of two or more cells away
from a given cell could reuse the same frequencies as
the given cell. The further apart the cells reusing
the same frequency were located, the lower the
interference level between them.

The total number of different frequencies
that are required to construct a cell pattern having an
acceptable level of interference reduces the number of
frequencies_thaf are available for use within the
individual cells. For example, one common cell
arrangement employs a 21~-cell pattern to avoid
interference. In this type of arrangement, the cells
are grouped in clusters of 21 contiguous cells. Each
cell within a cluster must use a different set of
frequencies from the other 20 cells in that cluster.

If 420 frequencies are available for use within such a
communications system, the number of frequencies that
can be used in each cell is 420/21 = 20.

With current state-of-the-art techniques,

digitized voice transmission is preferred to the

This is tha replacement sheet
This Sheet Has Been Replaced

MUMERRN o vowe




of the invention, a speech frane structure is deliberately created even if
:the speech coding nethod is inherently structurel ess, such as the
bit-by-bit CVSD coding technique. The invention thus includes the
definition of a fixed franme structure of duration equal to the chosen DTX
unit even for speech coders that inherently lack a frame structure. In a
further devel opnent of the invention, a receiver of nmultiple CDVA signals
attenpts denodul ati on of a particular signal called the DIX flags and/or a
limted nunber of sequential codewords, and if the signal on those
occasions is not observed to reach a mninumthreshold of correlation with

any valid code -2 -
transnmission of analog waveforms, since it is more
tolerant of interference and thus permits a tighter
frequency re-use pattern with consequent increase in
capacity. Furthermore, with the transmission of
information in digital form, each transmission
frequency can be divided into time slots, with each
time slot carrying a different communication. Thus, if
each frequency is divided into three or four repeating
timeslots, the number of communications that can be
transmitted at any given time is effectively tripled or
quadrupled. This approach to increasing system
capacity is known as time division multiple access
(TDMA) .

Furthermore, vwhen digital transmission is
used, error correction coding can be employed to
increase the interference tolerance. If a systematic
code is employed for error correction, a number of
parity bits are transmitted in addition to data bits
which represent the digitized speech. More preferably,
however, a non-systematic code is employed, in which
all of the bits of digitized speech are converted into
cocde words. For example, if a 128,7 block encoding
technique is employed, each group of seven data bits is
converted into a 128-bit code word and transmitted as
such. At the receiver, each received 128-bit codeword
is reconverted into the original 7-bit piece of data,
e.g. speech information. Even if some of the bits of
the received 128-~bit codeword are erroneous, due to
interference, the original data can still be easily
recovered.

Unfortunately, the use of error correction
coding increases the number of bits that are
transmitted for each piece of information. As a
result, the transmission bandwidth is widened, thereby

wpey & B g i & &
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sequence, no further attenpts at denodul ating that signal are nade for a
:predeterm ned tine commensurate with the predeterm ned m ni mum DTX tine
unit, i.e., until the next occasion on which the DIX flags woul d be
expected. In yet a further devel opnent of the invention, the speech frane
structure of a multiplicity of overlapping CDVA signals transmtted by the

same base station transmtter are given a fixed relative tinme-alignnment
with or without a systematic offset between the different signals, in order
to allow nobile receivers that are decoding at | east one signal to
anticipate accurately when signals thag have been tenporarily

reducing the number of frequency channels that are

available without overlap. Thus, there is a tradeoff

between increased interference tolerance, which permits

more frequent reuse of fregquencies, and a reduction in

the number of frequency channels available.

At one extreme of this approach, the amount
of coding that is employed is so effective that
interference levels which are equal to or greater than
the desired signal can be tolerated, and signal overlap
can therefore be permitted. A system which operates
with this approach is known as code division multiple
access (CDMA). An exemplary CDMA communications system
is disclosed in U.S. Patent No. 5,151,919 issued
September 29, 1992, and U.S. Patent Application Serial
No. 07/739,446, filed August 2, 1991, which is a
continuation-in-part application thereof. In the
system disclosed in those applications, the ability to
tolerate an increased number of interfering signals, to
thereby achieve an increase in system capacity, is

. provided through the use of a subtractive demodulation
process. Generally speaking, a receiver in this type
of system does not operate to decode only a single
desired signal in the presence of a large number of
interfering signals. Rather, a number of received
signals, both interfering and desired, are successively
decoded in order of received signal strength. After
being decoded, each interfering signal is recoded and
subtracted from the received signal, to thereby reduce
the interference that is present when the desired
signal is decoded.

With this approach, a larger number of
signals, which are différently.enciphered to provide a
means of discriminating them from one another, are
permitted to overlap. The capacity of such a system is

e
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silent by virtue of DTX are likely to resunme transm ssion. A uniformy
.staggered tinme alignnent between the franme structures of different signals
can be advant ageously enployed to evenly distribute the - 15 - instants
at which different signals nay resune transm ssion, for exanple, by the
transm ssion of the DIX flags for the next frame. This arrangenent evenly
di stri-butes the resunption of receiver attenpts to

-4 -

not limited by theoretical bounds, but rather by the
amount of signal processing resources that are
available to demodulate a multiplicity of signals.
Accordingly, it is desirable to provide a radio
communications system which affords increased system
capacity in terms of the number of simultaneous
communications that can be reliably transmitted and
received, while at the same time minimizing receiver
activity to reduce the processing requirements of the
receiver.

One approach that has been used in the past
to reduce the presence of interfering signals is to
turn off the transmitters associated with a momentarily
silent party in a two-party conversation. With this
approach, the number of conversations can then be
doubled before the interference reaches the original
level. This technique is known as discontinuous
transmission. In the past, it has been employed in
non-CDMA systenms, such as the time division multiple
access pan-European digital cellular system, which is
known as the GSM systen.

A difficulty is presented when discontinuous
transnission is employed in CDMA systems, however, due
to the high time synchronization accuracy which must be
maintained to successfully decode CDMA signals. If the
transmission of a signal is interrupted for more than a
short period of time, the timing of a receiver may
drift to the extent that it does not immediately
recognize the point at which transmission resumes. 1In
the GSM system, the use of discontinucus transmission
is facilitated by the transmission of a special code at
the beginning of a transmitter shut-down period, to
notify the receiver of the interruption in
transmission. However, this indication is not employed

This is the replacement shaet
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derodul at e them and undesired peaks in receiver activity are avoided. For
:exanpl e, assum ng that a 2OnS speech frane is transmtted as forty, 0.5n5
duration, 128-bit codewords plus two DTX flags nunbered 1 to 42 relative to
a first signal's speech franes and then repeating, the first signal is
constrained to discontinue or resune transm ssion only on codeword nunber
1; a second signal only on codeword nunber 2, and so forth. In another
devel opnent of the invention, the speech frame timng of the nobile
transmtter is taken fromthe speech frame timng it receives fromthe base
station, so that the relative timng tge base station

to reduce the activity of the receiver. Rather, it is

used to mute the audio output from the receiver during

the period of no input signal from the transmitter.

U.8. Patent No. 4,901,307 discloses a CDMA

system in which the transmitter is controlled to

transmit in an intermittent fashion with a variable

duty factor that is contingent upon the speech activity

level. In the operation of this system, the

transmitter is not switched off completely during

speech activity. Rather, the duty factor is

established such that the transmissions take place even

during periods of speech inactivity to provide enough

information to maintain receiver synchronization. The

purpose of this approach is to reduce the total

interference level while waintaining receiver '

synchronization, rather than to reduce receiver signal

processing resources.

S Y OF ON
The present invention provides a

communications system which utilizes "discontinuous
transmission" (hereinafter referred to as DTX) in a
manner that enables receiver synchronization to be
maintained while increaéing system capacity, and is
therefore particularly well suited for use in CDMA
communications systems. Toward this end, according to
one aSpect of the present invention, a speech frame
structure is deliberately imposed on the speech
encoding method, even for those encoding methods which
are inherently structureless. The speech signal is

' examined for the presence or absence of active speech.
If no active speech is detected during the duration of
an entire frame, the transmission of that frame of
digitized speech code words is inhibited.

s
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chooses on the downlink is nmirrored in the relative frame tining between:
.different nobile transmtters on the uplink, thus providing the base

receiver also with the benefits of staggered frame alignnment.

Anot her

aspect of the invention concerns the use by a nobile receiver of signal
synchroni zation and frame alignnment information on other signals than that
destined for it in order to maintain synchronization with the base station
during periods of DTX of the signal destined for that nobile receiver.
Figure 2, an enbodinment of a nobile unit transmitter for inplenmenting the
principles of the present invention is illustrated in greater detai

in

-6 -

In another aspect of the invention, one or
more codewords of a fixed value may be transmitted at
the beginning of each frame to indicate to the receiver
whether the remainder of the frame will be transmitted
or not. As a further feature of the invention, a
receiver of a CDMA signal that is transmitted pursuant
to the foregoing principle attempts to demodulate that
signal for a limited number of sequential code words.
If the signal is not observed to reach a minimum
threshold of correlation with a valid code sequence, no
further attempts at demodulating that signal are
carried out for the remainder of the predetermined time
corresponding to the speech frame. If the receiver is
of the type which receives and demodulates multiple
signals, as disclosed in U.S. Patent No. 5,151,919 and
U.S. application Serial No 07/739,446, for example, the
decoding of one of these other signals can be carried
out during the remainder of the discontinuous
transmission time period in which the first signal is
not decoded.

" Further in accordance with this aspect of the
invention, the speech frame structures of a
multiplicity of overlapping CDMA signals transmitted
from the same base station are given a fixed relative
time alignment. This alignment of the signals allows
.mobile receivers that are decoding at least one signal
to accurately anticipate when other signals, that have
been temporarily silenced through discontinuous
transmission, are likely to resume transmission. Thus,
receiver synchronization and frame alignment
information can be obtained from signals other than the
specific information signal destined for the receiver.

Preferably, the time alignment relationship
employs a fixed pattern of offset between the different

This is tha raniacoment
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bl ock diagramform Figures 3A and 3B illustrate the nature of the signals
.which are transmtted fromthe base station. Referring to Figures 2, 3A and
3B, speech that is generated at the nobile unit during a - 16 -

t el ephone conversation is input to a digitizer 32, which converts the
anal og speech signal into a digital signal in accordance with any suitable
al gorithmfor doing so, such as those nentioned previously. As is
conventional in nmany of these systens, in addition to

-7 -

signals. This arrangement causes the times at which
the different signals can resume transmission to be
evenly distributed over the period of a speech frame.
Thus, the times at which the receiver attempts to
demodulate the various signals is also distributed,
avoiding undesired peaks in receiver activity.

According to a further feature of the
invention, the speech frame timing for transmissions
from a mobile transmitter is derived from the speech
frame timing of signals it receives from the base
station. Thus, the relative timing that the base
station chooses for transmissions from the base station
to the mobile receiver is reflected in the relative
frame timing between different mobile transmissions to
the base station, thereby providing the base station
receiver with the benefits of staggered frame
alignment.

(34

The foregoing features of the present
invention, as well as the advantages provided thereby,
are explained in greater detail hereinafter with
reference to preferred embodiments of the invention
illustrated in the accompanying drawings.

F_DE TON OF WING

Figure 1 is a block diagram of a CDMA
communications system of a type in which the present
invention can be advantageously employed; '

Figure 2 is a block diagram of a transmitter
for a mobile station which operates in accordance with
the principles of the present invention:

Figures 3A and 3B are signal diagrams
illustrating the digitization and encoding of speech
signals with a frame structure in accordance with the
principles of the present invention:
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producing a digitized speech signal, the digitizer 32 generates an output.
.signal which indicates whether or not active speech is present at any given
time. Thus, for exanple, during a pause in the conversation as shown in
Figure 3A, the speech activity output signal would go to a binary |ow state
to indicate no activity. The digitized speech signal fromthe digitizer 32
Is preferably provided to the framng circuit 34 which inposes the
predeterm ned frame structure on the digital speech signal. For exanple,
each frame could be 20 mlliseconds in duration. In the exanple described
herein, a 128,7 bl ock encoding technique is enployed. Accordingly, each

group of -8 -

Figure 4 is a block diagram of a transmitter
for a base station which operates in accordance with
the principles of the present invention;

Figure S is a block diagram of a receiver for
discontinuous transmissions, constructed in accordance
with the principles of the present invention.

S PT OF THE ILIUS TED DIMENTS

To facilitate an understanding of the present

invention, its implementation in a specific type of
T cellular radio telephone system is described

hereinafter. The specific type of cellular radio
telephone system that is described is one which
operates on the basis of code division multiple access
(CDMA) to differentiate various communications from one

) another. It will be appreciated by those having
familiarity with the pertinent technology, however,
that the applicability of the present invention is not
limited to this particular type of system. In fact,
the invention can be employed in systems which use
techniques other than CDMA to distinguish various
communications from one another. However, as will be
appreciated from the foregoing discussion and the
following description, the invention provides
particularly advantageous reéults in a CDMA-based
system, and therefore is described in that context.

To further facilitate an understanding of the
invention, a specific example is described where a
128,7 orthogonal block encoding technique is employed
to provide error correction and CDMA modulation.

Again, however, the principles of the present invention
are not limited to communications systems which employ
this encoding technique.
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seven data bits in the digitized speech signal conprises one bl ock Bn
Wthin the framng circuit 34, therefore, each frame of data could conprise
40 7-bit bl ocks of data, each of which is 0.5 mllisecond in duration. The
begi nning of each franme is determ ned by a frame sync signal that is
provided to the framng circuit 34. Sone forns of speech digitizers
I nherently provide a frane structure to the digitized signal. In such a
case, the function of the framng circuit 34 is incorporated in the
digitizer itself, and therefore does not reside as a separate el enent of
structure. One exanple of a digitizer which operates in such a
-0 =

An overall view of a CDMA-based cellular
radio telephone system, of the type in which the
present invention can be implemented, is illustrated in
block diagram form in Figure 1. 1In this view, one
transmitter 1 and one receiver 2 are depicted in block
form. Thée transmitter might be present at a bhase
station of the radio telephone communications system,
and the receiver could be located in a mobile unit, for
example. Alternatively, the transmitter could be that
of a mobile unit with the receiver located in a base
station.

Referring to Figure 1, speech which is
generated by one of the participants in a telephone
conversation is provided as an input signal to a speech
encoder 10a. This speech encoder can be a conventional
encoder which converts the speech signal into a digital
signal according to any of the well known types of
speech digitizing algorithms. Examples of such
algorithms which are employed in conventional speech
encoders include Continuously Variable Slope Delta
Modulation (CVSD), Adaptive Delta Pulse Code Modulation
(ADPCM) , Residual Excited Linear Predictive Coding
(RELP) and Vector Code Book Excited Linear Predictive
Coding (VSELP). The particular type of encoder that is
used in a given application will depend upon various
design factors, such as the desired compromise between
bit rate reduction and encoder cost and complexity.

After the speech signal has been digitized in
the encoder 10a, its bandwidth is expanded to produce a
CDMA signal in a CDMA encoder 10b. In the preferred
implementation, this CDMA bandwidth expansion is
cbtained by means of 128, 7 orthogonal block encoding.
In addition to block encoding the digitized speech
signal, the encryption device 12 also scrambles the
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fashion is a RELP encoder. O her digitizers do not operate in such a
fashion to inherently provide a frane - 17 - structure to the d|g|t|zed
speech. Wth these types of digitizers, the framng circuit is provided to
receive the digitized speech signal and divide it into franmes of the
predeterm ned | ength. Once the speech signal has been digitized and divided
into frames, it is provided to a CDVA nndulator Thi s nodul ator can
conpri se an orthogona

- 10 -

encoded signal with a unique cipher code that is
assigned to the communication. The encryption can, for
example, consist of the bitwise modulo-2 addition of a
unique scrambling code to the block code before
transmission. Since all communications preferably
employ the same block codes to expand their bandwidth,
the scrambling of the encoded signals with the unique
cipher codes enables the various communications to be
distinguished from one another, as described in greater
detail in the previously mentioned copending patent
applications which are incorporated by reference and in
copending, commonly assigned U.S. Patent Application -
Serial No. 866,865, filed on April 10, 1992, entitled
“Multiple Access Coding for Mobile Radio
Communications®.

In the preferred implementation, the speech
encoder inserts two codewords designated "AA" at the
beginning of non-silent frames indicating that the
remaining forty speech symbols are to be transmitted.
Speech frames classed as silent begin by contrast with
two codewords "BB", the rest of the codewords in a
frame not being transmitted. The positions of these
codes, called "DTX flags" are illustrate§ in Fig. 3B.
Fig. 3A is substantially similar to Fig. 3B except that
the codewords “AA" and "BB" are not used.

Once the digitized speech signal has been
encoded with the block code and scrambled with the
cipher code, it is passed to a parallel-to-serial
converter 14. In this circuit the encrypted speech
signal is converted into a serial signal that is
provided to a modulator 16. A carrier signal at a
suitable carrier frequency £, is modulated with the
encrypted speech signal, amplified in an amplifier 18
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bl ock .encoder 36 and an encryption unit 38 to scranble the block codes in a
Jranner specific to the nobile transmtter, as described previously. Wthin
t he encoder 36 each block of 7 data bits is converted into a 128-bit
codeword for transm ssion. The frane structure of the data is maintained

wi thin the encoder and the encryption unit, so that each transmtted frame
conprises 40 128-bit codewords. The encrypted signal is converted to serial
formin a parallel-to-serial converter 40 and nodul ated onto a radio
carrier frequency in the nodul ator 42. The nodul ated signal is provided to
an anplifier 44 which can be selectively disabled to inhibit transm ssion

of the encrypted - 11 -
and transmitted to the receiver 2 of the other
participant in the conversation.

At the receiver 2, which could be located in
a mobile unit for example, the transmitted signal is

- received, demodulated to remove the carrier frequency
in a demodulator 20, and reconverted to parallel form
in a serial-to-parallel converter 22. The received
signal is then unscrambled in a decryption circuit 24
that is provided with the same cipher code that was
used to scramble the signal. Once the signal has been
unscrambled, it is provided to a Fast Walsh Transform
circuit 26 that determines which of the possible 128-
bit orthogonal code words was transmitted. 1In
operation, the Fast Walsh Transform circuit 26

L simultaneously computes the correlation of the received
code word with each possible code word, and determines
the code word having the highest correlation. A
suitable Fast Walsh Transform circuit is described in
copending, commonly assigned U.S. Patent Application
Serial No. 07/735,805 filed on July 25, 1991, which is
expressly incorporated here by reference. This
determination is carried out in a signal discrimination
circuit 28. The so-discriminated code word is then
prévided to a speech decoder circuit 30, which converts
it into the original speech signal.

In addition to the desired signal pertaining
to the conversation of interest, the receiver 2 also
receives signals pertaining tc other conversations.

For example, the receiver in a mobile unit receives
signals broadcast from the base station to all of the
other mobile units within the cell. 1In essence, these
other received signals constitute noise relative to the
desired signal pertaining to the conversation of
interest. In a preferred implementation of the
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si.gnal . * The speech activity signal fromthe digitizer 32 is provided to the
framng circuit 34. Normally, the framng circuit 34 provides an out put
signal which enables the anplifier 44 to present the anplified signal to

t he antenna for transm ssion. However, if the speech activity signal

I ndi cates that no speech activity exists for a whole frane, e.g., the
entire 20 mllisecond duration of a frame, the enable signal to the
anplifier 44 is renoved to inhibit the transm ssion of an encrypted frane
whi ch contains no speech information. In other words, no transm ssion of

t he speech signal occurs for the duratifg of each frane

invention, these other signals are also individually
decrypted and decoded, in order of their received
signal strength. Once each of these "noise" signals is
determined, it can then be re-encrypted and subtracted

5 from the original received signal, to thereby reduce
interfering noise and facilitate decoding of the
desired signal.

The general principles of the present invention

will now be described, and then the preferred

10 embodiments of Figs. 2-5 will be described.

The bandwidth expansion required to produce a CDMA

signal can advantageously be produced with the aid of a
low rate error correction code, such as orthogonal or
bi-orthogonal block coding using Walsh functions. For

15 example, a 13-16KB/S RELP encoded speech signal can be
expanded by a factor of 16 approximately to the 250-
270KB/S region by the use of a 128,7 orthogonal block
code or a 128,8 bi—ofthégonal block code. Such codes
can be decoded very rapidly by means of a Fast Walsh

20 Transform circuit. One such circuit has enough speed
and capacity to decode 10's or 100's of such signals as
envisaged in the previously identified copending patent

applications.
The nature of the signal produced by a RELP
25 encoder is a block of bits representing encoded speech

. parameters over a certain frame period, usually 20mS.
The signal transmitted to convey this block of
information would, with the above assumption of
orthogonal block coding, consist of around forty, 128-
30 bit codewords. By the addition of DTX flags, the total
number of codewords transmitted pef frame becomes 42.
Which of the 128 possible, 128~bit orthogonal codewords
was transmitted each time may be determined with the
aid of a FWT circuit that simultaneously computes the

-
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whi ch contains no speech information. - 18 - The present invention,
therefore, includes speech activity detection at the transnmitter. This can
best be perforned with the RELP speech coder where a better decision can be
made between speech and no speech by nmeans of a nore sophisticated anal ysis
than nmere signal anplitude. For exanple, a change in the spectrum of the

m crophone signal is indicative of some acoustic event other than
background noi se. The speech

- 13 -

correlation with each possible ccdeword, and then
determines the word having the highest correlation. 1In
the adaptive, subractive demodulator described in the
previously identified copending patent applications, a
number of such signals, each differently enciphered to
provide a means of discriminating them one from
another, are permitted to overlap, and the FWT decoder
decodes them and subtracts them in an order of received
signal strength that may be estimated from past
history. The capacity of such a system is in certain
circumstances not limited by theoretical bounds, but by
the amount of signal processing resources available to
demodulate a multiplicity of signals.

The advantages of the DTX method disclosed herein
is not only a halving of prevailing interference
levels, but also in reducing the number of signals that
the receiver is required to process at each decoding
cycle. The “discontinuous receiver®" (hereinafter
referred to as DRX) problem for the receiver in this
case is to maintain a knowledge, separately for each of
the overlapping signals, of whether it has momentarily
discontinued transmission and if so when it is expected
to resume. This requirement is not so onerous on the
fixed network side of the mobile radio telephone
system, which is equipped to receive and decode all the
signals, but is a burden on the mobile station which is
only ultimately interested in decoding its own signal,
but which must, in the system of the previously
identified copending patent applications, demodulate
those stronger than its own first. The DTX/DRX
invention disclosed herein reduces the need to attenpt
demodulation of 50% of those signals that are

momentarily silent, merely to discover that they are
silent.
This is tha replacement sheet
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encoder can al so neasure background noi se | evels when speech is deened not
to be present in order to set a speech/ no-speech decision threshold. This
decision is taken only for conplete frames of the speech frane structure

i nposed for the purposes of the invention. The frame structure for which
speech/ no- speech deci sions are taken may conprise one, two or nore franes
of a RELP coder (e.g. 1, 2 or nore 20 ns periods). The transm ssion or

bl ocki ng of speech signals occurs over whole-frame intervals. Thus, if part
of a frame contains speech information and the remai nder of the frane
corresponds to no speech - 14 -

In a first aspect of the invention, a minimum time
unit of DRX is instituted, for example, a whole number
of 20mS speech frames. According to the first aspect
of the invention, a speech frame structure is
deliberately created even if the speech coding method
is inherently structureless, such as the bit-by-bit
CVSD coding technique. The invention thus includes the
definition of a fixed frame structure of duration equal
to the chosen DTX unit even for speech coders that
inherently lack a frame structure.

In a further development of the invention, a
receiver of multiple CDMA signals attempts demodulation
of a particular signal called the DTX flags and/or a
limited number of sequential codewords, and if the
signal on those occasions is not observed to reach a
minimum threshold of correlation with any valid code
sequence, no further atéempts at demodulating that
signal are made for a predetermined time commensurate
with the predetermined minimum DTX time unit, i.e.,
until the next occasion on which the DTX flags would be
expected. .

In yet a further development of the invention, the
speech frame structure of a multiplicity of overlapping
CDMA signals transmitted by the same base station
transmitter are given a fixed relative time-alignment
with or without a systematic offset between the
different signals, in order to allow mocbhile receivers
that are decoding at least one signal to anticipate
accurately when signals that have been temporarily
silent by virtue of DTX are likely to resume
transmission.

A uniformly staggered time alignment between the
frame structures of different signals can be
advantageously employed to evenly distribute the
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activity, the entire franme is still transmtted. In this manner, none of
the speech information is lost. It is only when the entire franme, i.e. al
40 bl ocks of data, |acks speech information that the transm ssion of the
franme is blocked at the anplifier 44. An enbodinment of a transmitting unit
for a base station in the nobile radio tel ephone systemis illustrated in
Figure 4. The base station transmtter contains nultiple channels, one for
each comunication that occurs within the cell to which the base station is

assigned. In Figure 4 one channel is illustrated, although in practice a
| ar ge nunber of channel s woul d be prese{g._ '

instants at which different signals may resume
transmission, for example, by the transmission of the
DTX flags for the next frame. This arrangement evenly
distributes the resumption of receiver attempts to
demodulate them, and undesired peaks in receiver
activity are avoided.

For example, assuming that a 20mS speech frame is
transmitted as forty, 0.5mS duration, 128-bit codewords
plus two DTX flags numbered 1 to 42 relative to a first
signal's speech frames and then repeating, the first
signal is constrained to discontinue or resume
transmission only on codeword number 1; a second signal
only on codeword number 2, and so forth.

In another development of the invention, the
speech frame timing of the mobile transmitter is taken
from the speech frame timing it receives from the base
station, so that the relative timing the base station
chooses on the downlink is mirrored in the relative
frame timing between different mobile transmitters on
the uplink, thus providing the base receiver also with
the benefits of staggered frame alignment.

Another aspect of the invention concerns the use
by a mobile receiver of signal synchronization and
frame alignment information on other signals than that
destined for it in order to maintain synchronization
with the base station during periods of DTX of the
signal destined for that mobile receiver.

In Figure 2, an embodiment of a mobile unit
transmitter for implementing the principles of the
present invention is illustrated in greater detail in
block diagram form. Figures 3A and 3B illustrate the
nature of the signals which are transmitted from the
base station. Referring to Figures 2, 3A and 3B,
speech that is generated at the mobile unit during a

. e ord @@
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- 19 - Synchroni zation pul ses, which determne the timng of the franmes of
digitized speech information for each channel, are generated by a frane

al i gnnent pul se generator circuit 56. The generator circuit 56 determ nes
the relative DIX franme alignnment between the different signals and
preferably staggers the frane alignnment as illustrated in Figs. 3A and 3B.
In general, the structure of a single channel of the base station
transmtter of Fig. 4 closely

- 16 -

telephone conversation is input to a digitizer 32,
which converts the analog speech signal into a digital
signal in accordance with any suitable algorithm for
doing so, such as those mentioned previously. As is
conventional in many of these systems, in addition to
producing a digitized speech signal, the digitizer 32
generates an output signal which indicates whether or
not active speech is present at any given time. Thus,
for example, during a pause in the conversation as
shown in Figure 3a, the speech activity output signal
would go to a binary low state to indicate no activity.

The digitized speech signal from the
digitizer 32 is preferably provided to the framing
circuit 34 which imposes the predetermined frame
structure on the digital speech signal. For example,
each frame could be 20 milliseconds in duration. 1In
the example described herein, a 128,7 block encoding
technique is employed. Accordingly, each group of
seven data bits in the digitized speech signal
comprises one block Bn. Within the framing circuit 34,
therefore, each frame of data could comprise 40 7-bit
blocks of data, each of which is 0.5 millisecond in
duration. The beginning of each frame is determined by
a frame sync signal that is provided to the framing
circuit 34.

Some forms of speech digitizers inherently
provide a frame structure to the digitized signal. 1In
such a case, the function of the framing circuit 34 is
incorporated in the digitizer itself, and therefore
_does not reside as a separate element of structure.

One example of a digitizer which operates in such a
fashion is a RELP encoder. Other digitizers do not
operate in such a fashion to inherently provide a frame
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resenbl es a single channel of the transmitter of the nmobile unit
LIlustrated in Figure 2. Each channel of the base station includes a
digitizer 32 for digitizing a speech signal fromthe frane alignnment pul se
generator 56, a framng circuit 34 for structuring the digitized speech
signal and an encoder 36 for converting the digitized speech signal into a
spread signal, e.g. an orthogonal signal, and scranbling the converted
signal, if appropriate. After conversion into a serial signal, the
encrypted speech signal is nodulated into a carrier frequency in nodul ator
42. The nodul at ed speech signal fromthe nodulator 42 is presented to a

summer 46 where it is - 17 -
structure to the digitized speech. With these types of
digitizers, the framing circuit is provided to receive
the digitized speech signal and divide it into frames
of the predetermined length.

Once the speech signal has been digitized and
divided into frames, it is provided to a CDMA
modulator. This modulator can comprise an orthogonal
block encoder 36 and an encryption unit 38 to scramble
the block codes in a manner specific to the mobile
transmitter, as described previously. Within the
encoder 36 each block of 7 data bits is converted into
a 128-bit codeword for transmission. The frame
structure of the data is maintained within the encoder
and the encryption unit, so that each transmitted frame
comprises 40 128-bit codewords. The encrypted éignal
is converted to serial form in a parallel-to-serial
converter 40 and modulated onto a radio carrier
frequency in the modulator 42. The modulated signal is
provided to an amplifier 44 which can be selectively
disabled to inhibit transmission of the encrypted
signal. .

The speech activity signal from the digitizer
32 is provided to the framing circuit 34. Normally,
the framing circuit 34 provides an output signal which
enables the amplifier 44 to present the amplified
signal to the antenna for transmission. However, if
the speech activity signal indicates that no speech
activity exists for a whole frame, e.g., the entire 20
millisecond duration of a frame, the enable signal to

., the amplifier 44 is removed to inhibit the transmission
of an encrypted frame which contains no speech
information. 1In other words, no transmission of the
speech signal occurs for the duration of each frame
which contains no speech information.
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summed with the nodul ated speech signals fromthe other channels. The
sumed signals are anplified in an anplifier 48 and sinultaneously
transmtted via an antenna 50. Prior to being presented to the sunmer 46,
t he out put signal fromeach nodul ator is individually adjusted to an
appropriate level by an electronically controlled attenuator 52. The power
| evel s of the various speech signals to be transmtted are dynamcally
adjusted relative to one another pursuant to suitable criteria. For

exanpl e, the level of each signal can be adjusted according to signal
strength or

-18-

The.present invention, therefore, includes
speech activity detection at the transmitter. This can
best be performed with the RELP speech coder where a
better decision can be made between speech and no
speech by means of a more sophisticated analysis than
mere signal amplitude. For example, a change in the
spectrum of the microphone signal is indicative of some
acoustic event other than background noise. The speech
encoder can also measure background noise levels when
speech is deemed not to be present in order to set a
speech/no-speech decision threshold. This decision is
taken only for complete frames of the speech frame
structure imposed for the purposes of the invention.
The frame structure for which speech/no-speech
decisions are taken may comprise one, two or more
frames of a RELP coder (e.g. 1, 2 or more 20 ms
periods).

The transmission or blocking of speech
signals occurs over whole-frame intervals. Thus, if
part of a frame contains speech information and the
remainder of the frame corresponds to no speech
activity, the entire frame is still transmitted. 1In
this manner, none of the speech information is lost.

It is only when the entire frame, i.e. all 40 blocks of
data, lacks speech information that the transmission of
.the frame is blocked at the amplifier 44.

An embodiment of a transmitting unit for a
base station in the mobile radio telephone system is
illustrated in Figure 4. The base station transmitter
contains multiple channels, one for each communication
that occurs within the cell to which the base station
is assigned. 1In Figure 4 one channel is illustrated,

although in practice a large number of channels would
be present.
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- 20 - correlation magni tude nmeasurenents nmade by the base station receiver
on signals received fromcorresponding nobile transmtters, in concert with
information of the nobile transmtter power settings that the base station
net work commanded themto use. The nodul ated signal al so passes through an

i nhibit/enable switch 54 prior to presentation to the summer 46. The state
of this switch is controlled by the framng circuit 34, in accordance with
the speech activity signal fromthe digitizer 32. \Wen speech

- 19 -

Synchronization pulses, which determine the timing
of the frames of digitized speech information for each
channel, are generated by a frame alignment pulse
generator circuit 56. The generator circuit 56
determines the relative DTX frame alignment between the
different signals and preferably staggers the frame
alignment as illustrated in Figs. 3A and 3B.

In general, the structure of a single channel of
the base station transmitter of Fig. 4 closely
resembles a single channel of the transmitter of the
mobile unit illustrated in Figure 2. Each channel of
the base station includes a digitizer 32 for digitizing
a speech signal from the frame alignment pulse
generator 56, a framing circuit 34 for structuring the

- digitized speech signal and an encoder 36 for
converting the digitized speech signal into a spread
signal, e.g. an orthogonal signal, and scrambling the
converted signal, if appropriate. After conversion
into a serial signal, the encrypted speech signal is
modulated into a carrier frequency in modulator 42.

-The modulated speech signal from the
modulator 42 is presented to a summer 46 where it is
summed with the modulated speech signals from the cther
channels. The summed signals are amplified in an
amplifier 48 and simultaneously transmitted via an
antenna 50.

Prior to being presented to the summer 46,
the output signal from each modulator is individually
adjusted to an appropriate level by an electronically
controlled attenuator 52. The power levels of the
various speech signals to be transmitted are
dynamically adjusted relative to one another pursuant
to suitable criteria. For example, the level of each
signal can be adjusted according to signal strength or
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data is present in a digitized frane, the switch 54 is placed in the enable
state, illustrated in Figure 4, so that the nodul ated speech signal is
forwarded to the sunmer 46. However, when no speech activity occurs over a
whole frame, the switch 54 is placed in the inhibit state for the duration
of that frame. In this case, no transm ssion of the speech signal for that
channel takes place during that frane. However, the speech signals for

ot her channel s continue to be transmitted if they contain active speech
data. In the transmtter of Fig. 4, each frame- structured signal is

presented as a fixed nunber of synbols 44 the spread-spectrum encoder 36
that is

correlation magnitude measurements made by the base
station receiver on signals received from corresponding
mobile transmitters, in concert with information of the
mobile transmitter power settings that the base station
network commanded them to use. '
The modulated signal also passes through an
inhibit/enable switch 54 prior to presentation to the
summer 46. The state of this switch is controlled by
the framing circuit 34, in accordance with the speech
activity signal from the digitizer 32. When speech
data is present in a digitized frame, the switch 54 is
placed in the enable state, illustrated in Figure 4, so
that the modulated speech signal is forwarded to the
summer 46. However, when no épeech activity occurs
over a whole frame, the switch 54 is placed in the
inhibit state for the duration of that frame. In this
case, no transmission of the speech signal for that
channel takes place during that frame. However, the
speech signals for other channels continue to be
transmitted if they contain active speech data.

In the transmitter of Fig. 4, each frame-
structured signal is presented as a fixed number of
symbols to the spread-spectrum encoder 36 that is
preferably a low-rate, error-correction coder such as
an orthogonal block encoder. A symbol is for example a
7 or 8~bit byte and the number of symbols in a DTX
frame is for example 40. Each such symbol is converted
by the orthogonal block encoder 36 to a 128-bit
codeword that is then enciphered by using the code
specific to that particular signal. The enciphered
signal is impressed on a radio frequency carrier by
modulator 42, the butput level from the modulator 42 is
adjusted to a desired value by the electronically
controlled attenuator 52, and then passed through an

U T "
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préférably a lowrate, error-correction coder such as an orthogonal bl ock
encoder. A synbol is for exanple a 7 or 8-bit byte and the nunber of
synbols in a DIX frame is for exanple 40. Each such synbol is converted by
t he orthogonal bl ock encoder 36 to a 128-bit codeword that is then
enci phered by using the code specific to that particular signal. The
enci phered signal is inpressed on a radio frequency carrier by nodul ator
42, the output level fromthe nodulator 42 is adjusted to a desired val ue
by the electronically controlled attenuator 52, and then passed through an
- 21 -

inhibit/enable switch, 54, which is preferabiy

controlled by the frame-constrained DTX signal, to the

sunmer 46 where it is added with other, level-~

controlled signals before the sum is amplified to a

transmit power level in the common, linear, transmit

power amplifier 48. It should be pointed out that the

relative level adjustment provided by the controlled

attenuator 52 is preferably decided for each signal

dynamically using signal strength or correlation

magnitude measurements made by the base station

receiver on uplink signals from the corresponding

mobile transmitters, together with knowledge of the

mobile transmitter power settings that the base station

network signalled to them to use. The optimum strategy

for such power control is disclosed in copending,

commonly assigned U.S. Patent Application Serial No.

866,554, filed on April 10, 1992, entitled "Duplex

Power Control".

The effect of the frame-constrained DTX control in

the base station is shown in Figs. 3A and 3B for the

case of uniformly staggered frame alignment imposed by

the controller or frame alignment pulse generator S56.

Bach signal is constrained to discontinue or resume

transmission only on its own DTX frame boundaries,

which have a fixed time relationship between different

signals.

The preferred arrangement of a DRX receiver

adapted to take advantage of the staggered DTX frame

time-~alignment is shown in Fig. 5. A receiver

downconvertor or demodulator 60 converts the radio

frequency signal into digitized samples suitable for

digital signal processing. These samples are decrypted

in a decryption circuit 62 first with the cipher code
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- 21 - inhibit/enable switch, 54, which is preferably controlled by the
f.rame-constrai ned DTX signal, to the sumer 46 where it is added with
other, level- controlled signals before the sumis anplified to a transmt
power |evel in the common, linear, transmt power anplifier 48. It should
be pointed out that the relative | evel adjustnment provided by the
controlled attenuator 52 is preferably decided for each signal dynamcally
usi ng signal strength or correlation magnitude neasurenents nade by the
base station receiver on uplink signals fromthe correspondi ng

- 22 -

belonging to the first of the multiple signals
transmitted by the base station that is to be examined.
This first cipher code is designated kl. After
decryption, the signal samples are presented to a Fast
Walsh Transform circuit 64 which determines the '
correlation of the samples with each of the possible
codewords that could have been transmitted. That
having the largest correlation is selected, and its
index is the decoded symbol. The largest correlation
is then set to zero to remove that signal and then the
remaining correlations are inverse Fast Walsh
Transformed in a circuit 66 and re-enciphered in a
circuit 68 to return the residual to the original
signal domain. The output signal is then applied to an
exactly similar procedure adapted to the deciphering
code of the next signal to be extracted. This may
practically be achieved by iteratively recirculating
the signal through the same circuits 62, 64, 66 and 68
again. Because of the imposed relative frame timing,
the receiver is able to predict at which codeword each
signal is liable to discontinue or resume transmission.
When that moment arrives, the receiver examines the
output of the decoder for that signal to determine if
transmission has been discontinued. The decision can
be based on the relative level of the correlation
compared to the mean of the previocus frame. If it is
suspected to have discontinued transmission, the
demodulated signal is not subtracted for that frame.
Moreover, a DTX/DRX scheduler 70 notes that the signal
is suspected to have discontinued transmission. A
number of instances of low correlation may be required
before the DTX/DRX scheduler 70 decides definitely that
a signal has discontinued transmission, and removes it
from the list of cipher codes presented to the decoder
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nobile transmtters, together with know edge of the nobile transmtter
power settings that the base station network signalled to themto use. The
optimum strategy for such power control is disclosed in copending, conmonly
assigned U.S. Patent Application Serial No. 866,554, filed on April 10,
1992, entitled "Duplex Power Control"”. The effect of the frane-constrained
DTX control in the base station is shown in Figs. 3A and 3B for the case of
uniformy staggered frame alignnent inposed by the controller or franme

al i gnment pul se generator 56. Each signal is constrained to discontinue or
resune transmssion only on its own DTX.frame boundari es,

for the rest of the fixed DTX frame. The omitted k4 in
‘the list in figure 5 is illustrative of such a case.

The DTX/DRX scheduler 70 is also able to predict
at which codeword a particular signal is likely to
resume transmission. When that moment arrives, the
cipher code appropriate to that signal is re-inserted
in the decoding list. If sufficiently significant
correlation is achieved on one or a consecutive number
of opportunities, the code is left in the list,
otherwise it is removed until the start of the next
frame period for that signal. Because a relatively
small number of consecutive low correlation results
suffices to give a reliable indication of DTX (for
example 3 or 4 out of a frame of 40), the signal
processing load caused by signals that have temporarily
discontinued transmission is largely removed.

According to the disclosure of U.S. Patent No.
5,151,919 and U.S. Patent Application Serial No.
07/739,446, the signals are preferably demodulated in
order of historical signal strength. Moreover, that
order may. be dynamically adapted as signals fade up and
down relatively. The present DTX/DRX invention helps
to distinguish fading of a transmission from
discontinuance of a transmission. This can be done,
for example, by delaying updating the signal strength
history for the first few codewords of a frame, until
it has been determined whether that signal has
discontinued transmission or not. Moreover, the
signal~-strength-sorted demodulation order can be
applied to help distinguish DTX from fading. For
example, if at the beginning of a frame low correlation
leads to a suspicion of DTX, the order of demodulation
of that signal can be placed lower down the signal-
strength sorted list on the subsequent decoding cycle.
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whi ch have a fixed tine relationship between different signals. The
preferred arrangenent of a DRX receiver adapted to take advantage of the
staggered DIX franme tinme-alignnment is shown in Fig. 5. A receiver
downconvertor or denodul ator 60 converts the radio frequency signal into

digitized sanples suitable for digital signal processing. These sanples are
decrypted in a decryption circuit 62 first wwth the cipher code - 22 -

- 24 =

If the correlation was low because of fadirng rather
than DTX, it has a chance of being observed at a lower
signal level on subsequent frames, thus denying the DTX
postulate and causing instead update of the signal
strength history in a downward direction.

Because for each signal the above manipulations
are required only once per DTX frame (i.e. 20mS), a
simple microprocessor has enough capacity to perform
the necessary computations for the total number of
active signals present in the decoding list. A
software implementation of the DTX/DRX scheduler 70 is
therefore preferable.

While the invention has been described in its
preferred embodiments, it is to be understood that the
words that have been used are words of description
rather than of limitation, and that changes within the
purview of the present claims may be made without

departing from the true scope of the invention in its
broader aspects.




bel onging to the first of the nultiple signals transmtted by the base
station that is to be exam ned. This first cipher code is designated k1l
After decryption, the signal sanples are presented to a Fast Wl sh
Transformcircuit 64 which determngs. the correlation of the sanples with
each of the possible codewords tha QHI FRave beeq(iransn1tted That -
havi ng the largest correlation is ect@@u & its ndeX‘T@FTﬁe'ﬂécoded

synbol . The largest correlation is -&@¢m%9ngpo_io renmmg&khams hﬁﬂ
and then the remaining correlations are inverse Fast valsh

circuit 66 and re-enciphered in a citcyigt 68 to return the r
ori gi nal

- IN THE CLATMS:

1. An improved transmitter for spread spectrum
code division multiple access radio communication
signals, having a speech digitizer for speech signals,
comprising:

means for assembling the digitized speech from the
speech digitizer into fixed frames corresponding to a
fixed whole number of symbols:

means for generating an activity indication for
each fixed frame containing speech activity:; and

means for inhibifing the transmitter when there is
no activity and for resuming the tranémitter, only at
fixed frame times identified by the activity
indication.

2. An improved receiver for receiving spread
spectrum code division multiple access radio
communication signals, comprising:

means for deciding whether a transmitter has or
has not discontinued transmission only at predetermined
fixed frames which correspond to frames of speech
symbols at the input of the speech decoder, and

means, responsive to the deciding means, for
causing the receiver to output a default audio signal
upon deciding that there is a discontinuance of
activity from the transmitter.

3. An improved transmitter according to claim 1
wherein a plurality of radio signals are added with
controlled multiplying weights for transmission by a
common transmitter amplifier and antenna combination,

- each radio signal being capable of being discontinued
for a fixed frame consisting of a time period

l I!ll"cl "mj I",,” "I’sl ” l!l, This is the replacement sheet
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signal domain. The output signal is then applied to an exactly sinilér
extracted. This may practically be achieved by iteratively recireutating
the signal through the sane cir¢gerts=62. 64, 66 and 68 again, Qﬁggggm@hwd
the inposed relative frame tim AgiHishe:xeqalVer_13 able t a% i ch
codeword each signal is liable Egmdiﬁﬁgﬂwg@ia%ﬁ“ esune tra % u n
that noment arrives, the receiveriﬁ%aﬂﬁneséihgmggﬁput of th
deci sion can be based on the relative_lggel of the correlation conpared to
the nmean of the previous franme. If it i

corresponding to a whole number multiple of the spread

procedure adapted to the deci phering code of the next signal to be
TIAS
that signal to deternine if transmi ssion has been di scontinued. The
spectrum code units.

4. An improved transmitter according to claim 3
in which the fixed frames for each of said plurality of
signals have a fixed time alignment with respect to
each other.

5. Aan improved transmitter according to claim 4
in which said fixed time alignment is relatively
staggered between said signals.

6. An improved receiver according to claim 2
wherein upon detecting discontinuance of a transmitted
signal, the receiver does not attempt‘to decode that
signal until the beginning of the next fixed frame
associated with that signal.

7. An improved receiver according to claim 6 for
simultaneously receiving multiple radio communication
signals in which said signals are demodulated.and
decoded in units of a fixed number of spreading code
symbols and in decreasing order of historically
predicted relative signal strength until a desired
predetermined signal is demodulated and decoded.

8. An improved receiver according to claim 7
wherein further attempts to decode a signal having a
predetermined spreading code are discontinued for the
3 remainder of said fixed number of spreading code
' - symbols when said signal fails to reach an expected
signal strength threshold.

ot e s o
Fhig s the replacament shest

TR0 )

Sase: 1 3 MAR 1997



suspected to have di scontinued transm ssion, the denodul ated signal is not
subtracted for that frane. Nbreovery*H%EEX#DRX_scheduIer 70 notes that the
signal is suspected to have d|scontﬂnﬁéﬁstwaﬁ&qg§§ﬁpnw A nunber of

i nstances of Tow corretati-or—+ay be/i r equisrRg, bag Nthe DTX/ DRX schedul er
70 deci des defThmsh@{yashg@ ﬁ,ﬂ(d gnal “‘ﬁa“s:f?ffmﬂLmued_Jt ransm ssi on, and

renoves it fro I'pher codes presentemeB t he decoder - 23 -
for the rest of lﬁmpn frame. The omtted k4 in
9. &an improved receiver according to claim 8
wherein the fixed frames for different signals start at

different predictable times and attempts to demodulate

and decode one signal do not resume at the same time as
for other signals.

- 27 =

10. 2an improved receiver according to claim 5
wherein the improved receiver maintains synchronization
with the transmitter during frames of discontinued
transmission by demodulating a signal destined for

"N another receiver.

11. An improved radio communication system
including an improved transmitter for spread spectrun
code division multiple access radic signals, having a
speech digitizer for speech signals, and an improved
receiver having a speech decoder, for receiving the
code division multiple access radio communication
signals, wherein the improvement comprises:

means for framing the output of the speech
digitizer into fixed frames corresponding to a fixed
whole number of speech signals;

means for generating an activity indication for
each fixed frame:

means for inhibiting transmission of said fixed
frame of symbols when no activity is indicated and for
resuming the transmission only for whole fixed frames

- identified by said activity indication;

means for deciding at the receiver whether the
transmitter has or has not inhibited transmission of a
fixed frame, and

means, responsive to the deciding means, for
causing the receiver to output a default audio signal

T 0T i, ok
3 Hin 1887
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the list in figure 5 is illustrative of such a case. The DTX DRX schedul er
70 is also able to predict at which codeword a particul ar S|gnal s likely
to resunme transmssion. \Wen_that nnneptzerTTVES““fﬁg glph code
appropriate to that S|gnal S re |nseﬁteﬁk1n :

ng |ist.
sufficiently signi t H Ehn |5 aqhggyggfqnwgne.gr a consecutlve
nunber of opportuni , =

renmoved until the s

i's I%ﬁr“ﬁﬂﬁ“Fﬁé'Tlst otherwise it is
xt franme period for t hat signal. Because a
relatively small nunber of consecutive |low correlation results suffices to
give a reliable indication of DIX (for ggaaple 3 or 4 out of a franme of
40), the signal
upon deciding that transmission of a frame has been

inhibited.

12. An improved communication system according to
claim 11 wherein the transmissions discontinue or
resume only at the boundaries of the fixed frames.

13. BAn improved receiver according to claim 2
wherein the default audio signal output upon the
discontinuance of new information from the transmitter

T is dependent upon data received earlier from the
transmitter.

14. An improved receiver according to claim 2,
wherein the deciding means decides whether the -

transmissions discontinue or resume at the boundaries
of the fixed frames.

15. An improved receiver according to claim 2,
wherein the receiver decodes a new frame and ceases to
decode, if after a predetermined number of symbols no
signal is found, and the receiver does not resume
decoding until after the beginning of the next frame
which is a fixed number of symbols later.

16. An improved transmitter according to claim 1,
wherein the frames include a fixed number of speech
symbols and each frame includes one or more known
symbols which are always transmitted, the known symbols
indicating to the receiver whether the rest of the
frame is transmitted or not.

17. An improved receiver according to claim 2,
wherein known symbols are used to determine whether the

This is ihe replacement sheet
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processing | oad caused by_signals that have tenporarily discontinued
transm ssion is largely renpved. According to the disclosure of U S. Patent
No. 5,151,919 and U. S. Patent® sBsen Roplaogd v i ol Neo::-02EZ80=446, t he
signals are preferably denod u a ﬂr pfTi-s SHBFET b BEElnal strengt h.
Mor eover, that order may be apted asiigaalis fadg up and down
rel atively. The present DTX/ DRX i nvention hetps~todistingursn fadi ng of a
transm ssion from di sconti nuance of a transm ssion. This can be done, for
exanpl e, by delaying updating the signal strength history for the first few
codewords of a franme, until it has beemgdeterm ned whether that signal has

receiver attempts to decode the whole frame or suspends
decoding until the next frame when the known symbols
are next transmitted.

18. An improved communications system according
to claim 11, wherein the radio communication signals
overlapping on the same frequency have staggered frame
alignments, such that their respective instants for
discontinuing or resuming transmission do not fall at

the same instant, but are distributed over a frame
period.

19. An improved communications system according
to claim 11, wherein the radio communication signals
overlapping on the same frequency have staggered frame
alignment, each frame having at least one known symbol,
such that their respective known symbols are not
transmitted at the same instant but are distributed
over a frame period.

20. An improved communications system according
to claim 11, wherein the improved transmitter is
disposed in a cellular base station and the improved
receiver is disposed in a mobile station.

21. Aan improved communications system according
to claim 11, wherein the improved receiver is disposed
in a cellular base station and the improved transmitter
is disposed in a mcobile station.

22. An improved communications system according
to claim 20, wherein the transmitter of the mobile

station determines the time alignment of the frames for
Taig is the rapiacement shase
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di scontinued transm ssion or not. Moreover, the signal-strength-sorted
denodul at+en—order—Ttamnm be applied to hel p distinguish DIX from fading. For

exanpl e, i fy:adnek fie feagiepBieng of a frame |ow correlation leads to a

suspi ci on of r of denodul ation of thate -E'T,;%Jan be pl aced
| ower down 4 ength sorted |isF~on. “the: subs"" i decodi ng
cycl e. rrelation was | o Bécagse Gﬁ- adisg rather than

DTX, it has a chance of being observed at

- 30 -

transmission based upon time alignment of frames
received from the base station transmitter.

23. An improved radio communication system
including an improved transmitter for transmitting
radio communicatiocn signals having a speech digitizer
for speech signals, and an improved receiver for
receiving the radio communication signals having a
speech decoder, wherein the improvement comprises:

means for framing digitized speech from the speech
digitizer into fixed frames corresponding to a fixed
whole number of bits;

means for generating an activity indication for
each fixed frame based on speech activity:

means for discontinuing the transmitter when there
is no activity indication and for resuning the
transmitter only at fixed frames identified by the
activity indication:;

means for deciding whether the transmitter has or
has not discontinued transmission only at predetermined
fixed frames which correspond to frames of speech bits
at the input of the speech decoder, and

means, responsive to the deciding means, for
causing the receiver to output a default audio signal
upon deciding that there is a discontinuance of

.activity from the transmitter.

24. A method for communicating speech
information in a cellular radio telephone systen,
comprising the steps of:

digitizing a speech signal and dividing the
digitized signal into frames of predetermined length;

detecting whether the speech signal

ez

g by e o &
represents active speech; his is the raplacament she:
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signal |evel on subsequent frames. _thus denying the DTX postul ate and
causing instead update of the si qgl s&rength history in a downward

di rection. Because forﬂTﬁﬁﬁ‘ S 8 nge_naanuLaLLnns are required
only once per DTX frane a slinplg -6 gqgessﬁr has enough
capacity to performthe uti??éns _Qrwghe totdl nunber of
active signals present in the decoding |aS$wmﬁP9ﬂ£FMﬁfeftﬁﬁlenentatlon of
the DTX/ DRX scheduler 70 is therefore preferable. Wile the invention has
been described in its preferred enbodinents, it is to be understood that
the words that have been used are wordgiof- description

encoding the digitized signal with a code
related to the communication;

transmitting the encoded signal to a
receiver;

inhibiting the transmission of a frame of the
encoded signal when the portion of the speech signal
associated with that frame does not represent active
speech?

receiving the transmitted signal at a
receiver;

decoding the received signal, relative to
said communication code, at the beginning of a frame of
the signal to obtain digital data:

determining whether the obtained dlgital data
meets a minimum correlation threshold:;

continuing to decode the received signal for
the remainder of the frame if the digital data meets
the correlation threshold; and

inhibiting the decoding of the received
signal for the remainder of the frame, relative to said
communication code, when the digital data does not meet
the correlation threshold.

25. The method of claim 24 wherein said
communication code includes a spreading code having a
predetermined number of symbols, and wherein each of
said frames comprises a whole number multiple of said
predetermined number o6f symbols.

26. The method of claim 24 further including
the step of resuming the decoding of the received
signal, relative to sdid communication code, at the
beginning of the next received frame in the signal

T This is the replacement ghest
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rather than of linitation, and that changes within the purview of the
present clains may benade—w t hout departing fromthe true scope of the
i nvention i MhisBfecd}a0BARRASHECT S -25- 1. An inproved transmitter for

spread spectr on nul tiple access radi o communication signals,
havi ng a spe MW ,wﬂ or speech signals, S ,{“@“’TM """"" ns for
assenbling t eech fromthe $pee6h dlgﬁiﬁz ri?s o fixed franes
corresponding to a fixed mhole nunber of ﬁy&b&k&f Jlgenerating an

hns for

- 32 -~

after inhibiting said decoding for the remainder of a
previous frame.

27. A methed for transferring speech
communication from a base station to respective mobile
units in a cellular radio telephone system, comprising
the steps of:

digitizing a plurality of speech signals and
dividing each digitized signal into frames of
predetermined length;

detecting whether each speech signal
represents active speech:;

encoding each digitized signal with a code
related to the mobile unit for which the respectlve
speech signal is intended;

inhibiting the transmission of each frame of
each encoded signal that is not associated with active
speech;

combining the encoded signals and
transmitting the combined signals;

. receiving the transmitted combined signals at
a receiver;

decoding the received combined signal,
relative to one of said communication codes, at the
beginning of a frame to obtain digital data;

determining whether the obtained digital data
meets a minimum correlation threshold;

continuing to decode the received signal
relative to said one code for the remainder of the
frame if the digital data meets the correlation
threshold; and

inhibiting the decoding of the received
signal for the remainder of the frame, relative to said

) O i o
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activity; and means for imhibiting—the transnitter when there is no
activity and for resuhik SgedHiendes ﬁghtter only at fixed frane tines

identified by the acti 2. An |nproy§g“LLngn1tter accordi ng
to claim1, whereint Immm MEﬁIe aFF e TTunbeL, Speech synbol s and
each frame includes o sy[:®1s i ChY ﬁf%

_ans transmtted,
the known synbols indicating to the recejver *%%ﬁﬁ.ihew{ t of the frame
is transmtted or not. 3. An inproved tr Smtter “according to claim1
wherein a plurality of radio signals are added with controlled multiplying
wei ghts for transm ssion by a common trgnsnmitter anplifier and antenna
conbi nation, each radio signal being capable of being discontinued for a

fixed frame geastsde )owitén thé NERLPEEAD BHEH FESED bt dndék ol e nunber
multiple of the s i#%fd 6&£tru ode units. 4. An inproved transmtter
accordi ng t FULR *fixed franes for each

28. The method of claim 27 further including
the step of decoding the received signal relative to a
second code at the beginning of a frame of the signal
associated with said second code.

29. The method of claim 27 wherein the
frames of all of said digitized signals have a
predetermined time alignment relative to one another.

30. The method of claim 29 wherein the
frames of each respective digitized signal are offset
by a predetermined amount relative to the frames of
each of the other digitized signals.

31. A method for transmitting speech
information in a cellular radio telephone systenm,
comprising the steps of:

.digitizing a speech signal and dividing the
digitized signal into frames of predetermined length;

detecting whether the speech signal
represents active speech;

encoding the digitized signal with a code
related to the communication:

transmitting the encoded signal to a
receiver; and

inhibiting the transmission of a complete
frame of the encoded signal when the portion of the
speech signal associated with that frame does not
represent active speech.
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of said plurality of signals have a fixed time alignment with respect to
each other. 5—Ar+mproved—transnmitter according to claim4 in which said

fixed time ali gREeidH.sptaRaldcdel y st aggered_between-sakd-si-gnals. 6. An
i nproved receive claimb5 mheﬁbme$§ﬁwwﬂpA©meE\r&celver

mai nt ai ns synchr WBE‘E 'm/ ﬁ

di scontinued tra

t he transn1t¥er dyepngeknanes jof
enodul ati ng aNS¢gﬂatzdes¥Fﬁéﬁ:%or anot her
receiver. 7. An inproved receiver for receiving spread spectrum code
division multiple access radi o communi cation signals, conprising: means for
deci ding whether a transmtter has or_ Jot discontinued transm ssion
only at predetermined fixed frames which correspond to franes of speech
synbol s at the input Oiztheaﬁpﬁﬁﬁ%moﬁé‘éei@é@ é@@mm@swnéiaﬁnto the
deci di ng nmeans, for au5|n t he receiver,to def aul t I 0 signal
ipon deci a b 1viere R eald kg EranehitRed rPatofs 898 Mhaed i
said receiver to establish a coherent reference for
demodulation.

33. An improved receiver according to claim
17 wherein said known transmitted symbols are used by
said receiver to estimate the impulse response of the
communications channel.

34. A method for communicating speech
information in a cellular radio telephone system,
comprising the steps of:

digitizing a speech signal and dividlnq the
digitized signal into frames of predetermined length;

detecting whether the speech signal.
represents active speech:

encoding the digitized signal with a code
related to the communication;

transmitting the encoded signal to a
receiver;. '

inhibiting the transmission of a frame of the
encoded signal when the portion of the speech signal
associated with that frame does not represent active
speech;

receiving the transmitted signal at a
receiver;

decoding the received signal, relative to
said communication code, at the beginning of a frame of
the signal to obtain digital data:

determining whether said digital data
corresponds to a symbol indicative of speech activity
indication or a no-speech indication;

Tris is ihe replacement gheet
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transmtter. -26~—8——An—¥ﬁp%eved—ﬁeﬁeiver according to claim7 wherein

upon detecting discont Lapsmtted signal, the receiver does
not attenpt to decode ﬂgﬁ” J% %ﬁlthe begi nni ng_of the next fixed
frame associated with t An npreved reg L¥ex according to
claim8 for S|nultaneou | nult QLﬁDBﬁdi tgnnunlcatlon signal s

In which said signals are denndulated and{decodéﬁﬁlg;gath:for a fixed
nunber of spreading code synbols and in déereastng order of historically
predicted relative signal strength until a desired predeterm ned signal is

denodul at ed and decoded. 10. An inpraovesgkreceiver according to claim9
wherein further attenpts to decode a

continuing to deccde the received signal if
said digital data corresponds to a speech activity
indication; and '

inhibiting decoding of the received signal
for the remainder of the frame if said digital data
corresponds to a no-speech indication.

35. A method for transferring speech
communication from a. base station to respective mobile
units in a cellular radio telephone system, comprising
the steps of:

~ digitizing a plurality of speech signals and
dividing each digitized signal into frames of
predetermined length;

detecting whether each speech éiqnal
represents active speech;

encoding each digitized signal with a code
related to the mobile unit for which the respective
speech signal is intended;

inhibiting the transmission of each frame of
each encoded signal that is not associated with active
speech; ' '

combining the encoded signals and
transmitting the combined signals:;

— receiving the transmitted combined signals at
‘ a receiver;

decoding the received combined signal,
relative to one of said communication codes, at the
beginning of a frame to obtain digital data;

determining whether said digital data

corresponds to a symbol indicative of speech activity

indication or a no-speech indication; . " &t
no=sp ni This is the replacement Shes
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si gnal having a predeterm ned spreadi ng code are discontinued for the

r.emai nder of said fixed nunber of spreading code synbols when said signa
fails to reach an expected signal strength threshold. 11. An inproved

recei ver according to claim 10 wherein the fixed franmes for different
signals start at different predictable tines_and attenpts t o denodul ate and
decode one signal do not resune at the sané L6 85 Twﬁ 5 ¢T signals. 12.
An inmproved receiver according to claim?7 vherelg Lh ‘éé ti audi o signa
out put upon the discontinuance of neM/|nfodna};gnmix4ﬁ&1¢mgiransnltter IS
dependent upon data received earlier fr$%1the transmtter. 13. An inproved
recei ver according to claim7, wherein e deci di ng neans deci des whet her

t he transm ssions disc S eefixed
frames. 14. An i 0] gaégggﬁégé %écg I ng ogcﬁg?%geéamiigéln the receiver
decodes a neﬁﬁiﬂggﬂﬁﬁﬂlcéﬂ§éscP§r€§B@E@5 te afsmeghpa@ﬁevétm ned nunber

of synbols ngngieaeiohf &R4Nd,
inhibiting decoding of the received signal
for the remainder of the frame if said digital data
corresponds to a no-speech indication.
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and the receiver does not resune decoding until after the beginning of the
next frame which is a fixed nunber of synbols. 15. An inproved receiver
according to claim7, wherein known synbol srese-tsed-to-determ ne whet her
the receiver attenpts to decode the whol e f[fafiHs eHzsnspendsdecodi ng unti |
the next frame when the known synbols are ngxt tramsmctted. 16. An inproved
recei ver according to claim15 wherein g?l ”“ﬁFFaﬁsnptted}synbols are
used by said receiver to establish a coherent reference for denodul ati on.
17. An inproved receiver according to claim215 wherein said known
transmtted synbols are used by said receiver to estimate the inpul se
response of the conmunications channel. 18. An inproved radi o comruni cation
systemincluding an inproved transmtter for spread spectrum code division
mul ti pl e access radi o signals, having a speech digitizer for

DISCONTINUOUS CDMA RECEPTION
BS 0] CILOS
A cellular radio telephone system employs
discontinuous transmission and reception of speech

signals to conserve receiver processing resources. A
frame structure is imposed on digitized speech data to
divide the data into units of fixed transmission time.
When no active speech is present for the entire
duration of a frame, transmission of that frame of data
is inhibited. At the receiver, decoding of received
bits is performed to determine correlation with a
defined set of code words. If no correlation is found
after the first few received bits of a frame, due to
the absence of active speech data, decoding is
discontinued for the remainder of the frame's duration.
This approach frees up the receiver's resources for
other tasks, such as decoding of other received
signals. Frames of data from different sources are
transmitted with a defined time alignment to enable the
receiver to remain synchronized in the absence of
transmitted data. The frames associated with different
sources are staggered relative to one another, to
distribute processing loads at the receiver.
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- 27-: speech signals, and an inproved receiver having a speech decoder, for
rece|V|ng the code division multiple access radio connunr PSSt
wherein the i nprovenent conprises: neans for fram ng the g Qﬁf ! falsYi
speech digitizer into fixed frames corresponding to a fiﬁeq“Vhdré*ﬁﬁﬁﬁﬁ*’
speech signals; means for generating anjactivity indicatijon fg.zéggiﬁﬁf
frame; neans for inhibiting transnission of said fixed frlajge 0f‘8y s
when no activity is indi capgdCoNGINUOUS cSDMA TRECERTIONANS ]I 3S+-0h-—0hk-y-F0+
whol e fixed franes identified by said activity indicatior; neans for
deciding at the receiver whether the transmtter has or H T o red”

transmssion of a fixed fr@sekoaotnd of the Invention

The present invention is directed to cellular
radio communications systems, and more particularly to
systems which employ code division multiple access
(CDMA) to distinguish différent communications within a
cell from one another. ' )

In a cellular radioc communications system, a
geographical area is divided into cells where
neighboring cells are generally allccated different
components of a communications parameter, to avoid
interference. 1In early cellular systems, this
communication parameter was the carrier frequency over
which the communications were transmitted. Thus, to
avoid interference, neighboring cells used different
sets of mutually exclusive communications frequencies.
Cells that were at a distance of two or more cells away
from a given cell could reuse the same frequencies as
the given cell. The further apart the cells reusing
the same'frequency were located, the lower the
interference level between then. _

The total number of different frequencies
that are required to construct a cell pattern having an
acceptable level of interference reduces the number of
frequencies,thaf are available for use within the
individual cells. For example, one common cell
arrangement employs a 21-cell pattern to avoid
interference. 1In this type of arrangement, the cells
are grouped in clusters of 21 contiguous cells. Each
cell within a cluster must use a different set of
frequencies from the other 20 cells in that cluster.

If 420 frequencies are available for use within such a
communications system, the number of frequencies that
can be used in each cell is 420/21 = 20.

With current state-of-the-art techniques,

digitized voice transmission is preferred to the
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neans,

AR AT eushr

responsive to the deciding means, for causing the receiver to output

a defaul t audio signal upon deciding that transm ssion of a frame has been

i nhi bited. =19. An inproved conmuni cation systemg
transm ssions discontinue or resume only at thg _B’o

COT T 'U*‘c:‘r g &*’t’he_
NECS o ‘thé fi ?

frames. 20. An inproved communications systemgefo di'n§ t%-'O* i foWh ea n
the radi o comuni cation signals overl appylsrig ﬁhi‘-ﬁ éz%re PR qtiiu&y“ 29?\9"Sr }
staggered franme alignnments, such-that their BB i e ang.s I §RESC - %

- I EBEEAL - but

di sconti nui ng gr,:Lesuni ng transni ssion do no 6{14"* Wt heagss
are distri butecgguﬂv“g

according to claim 12, wherein the radi o conmpiACat PRl .S
t he sane frequency have staggered frane alignment,each ™ frame™

r a frame period. 21. An [nproved comuni cat[&?gﬁ gzste

| east one known synbdn,improvid trhsmittehfor spresispettumiadk division sypltiptd &ccess eadivot
transmitted aionmnvaicstionmsignals] kavinglaupeesli digitizertfor dpadchdignale rcompiisivpre peri od.
22. An inproved comuni cations system according to claim 12, wherein the

means for assembling the digitized speech from the speech digitizer into fixed
frames corresponding to a fixed whole number of symbols;

means for generating an activity indication for each fixed frame containing speech
activity; and

means for inhibiting the transmitter when there is no activity and for resuming the
transmitter, only at fixed frame times identified by the activity indication.

2. An improved transmitter according to claim 1, wherein the frames include a fixed
number of speech symbols and each frame includes one or more known symbols which are
always transmitted, the known symbols indicating to the receiver whether the rest of the frame
is transmitted or not.

3. An improved transmitter according to claim 1 wherein a plurality of radio signals
are added with controlled multiplying weights for transmission by a common transmitter
amplifier and antenna combination, each radio signal being capable of being discontinued for a
fixed frame consisting of a time period corresponding to a whole number multiple of the
spread spectrum code units.

4. An improved transmitter according to claim 3 in which the fixed frames for each
of said plurality of signals have a fixed time alignment with respect to each other.

5. An improved transmitter according to claim 4 in which said fixed time alignment
is relatively staggered between said signals.

6. An improved receiver according to claim 5 wherein the improved receiver
maintains synchronization with the transmitter during frames of discontinued transmission by
demodulating a signal destined for another receiver.

7. An improved receiver for receiving spread spectrum code division multiple access
radio communication signals, comprising:

means for deciding whether a transmitter has or has not discontinued transmission
only at predetermined fixed frames which correspond to frames of speech symbols at the input
of the speech decoder, and

means, responsive to the deciding means, for causing the receiver to output a
defauit audio signal upon deciding that there is a discontinuance of activity from the
transmitter .
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I nproved transmtter is disposed in a cellular base station and the
| nproved receiver is disposed in a nobile station. 23. An inproved
comuni cat i.ons system according to claim?22, wherein the transmtter of the
nobil e station determ nes the tinme alignnent of the franes for transm ssion
based upon tinme alignnment of franes ref_:?'%yed, fromthe base station
transmtter. 24. An inproved comuni catfons system according to claim 18,
wherein the inproved receiver is disposed in a cellular base station and
the inmproved transmitter is disposed in a nobile station. 25. An inproved
radi o conmuni cation systemincluding an i nproved transmtter for
transmtting radi o comruni cation signals having a speech digitizer for
speech signals, 8ndAafmproved receiver according to claim 7 wherein upon detecting discontinuance

of a transmitted signal, the receiver does not attempt to decode that signal until the beginning

of the next fixed frame associated with that signal.

9. An improved receiver according to claim 8 for simultaneously receiving multiple
radio communication signals in which said signals are demodulated and decoded in units for a
fixed number of spreading code symbols and in decreasing order of historically predicted
relative signal strength until a desired predetermined signal is demodulated and decoded.

10. An improved receiver according to claim 9 wherein further attempts to decode a
signal having a predetermined spreading code are discontinued for the remainder of said fixed
number of spreading code symbols when said signal fails to reach an expected signal strength
threshold.

11. An improved receiver according to claim 10 wherein the fixed frames for different
signals start at different predictable times and attempts to demodulate and decode one signal do
not resume at the same time as for other signals.

12. An improved receiver according to claim 7 wherein the default audio signal output
upon the discontinuance of new information from the transmitter is dependent upon data
received earlier from the transmitter.

13. An improved receiver according to claim 7, wherein the deciding means decides
whether the transmissions discontinue or resume at the boundaries of the fixed frames.

14. An improved receiver according to claim 7, wherein the receiver decodes a new
frame and ceases to decode, if after a predetermined number of symbols no signal is found,
and the receiver does not resume decoding until after the beginning of the next frame which is
a fixed number of symbols.

15. An improved receiver according to claim 7, wherein known symbols are used to
determine whether the receiver attempts to decode the whole frame or suspends decoding until
the next frame when the known symbols are next transmitted.

16. An improved receiver according to claim 15 wherein said known transmitted
symbols are used by said receiver to establish a coherent reference for demodulation.

17. An improved receiver according to claim 15 wherein said known transmitted
symbols are used by said receiver to estimate the impulse response of the communications
channel.

18. An improved radio communication system including an improved transmitter for
spread spectrum code division multiple access radio signals, having a speech digitizer for
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-28- inproved receiver for receiving the radi o communication signals having
a speech decoder, wherein the inprovenent conprises: neans for fram ng
digitized speech fromthe speech digitizer into fixed frames correspondi ng
to a fixed whole nunber of bits; nmeans for generating an activity

I ndication for each fixed frane based on speech activity; neans for

di scontinuing the transnitter when there2{s no activity indication and for
resuming the transmtter only at fixed franes identified by the activity

i ndi cation; neans for deciding whether the transmtter has or has not

di sconti nued tra}Qsm fsi on only at predeterm ned fixed franes_whijch
correspond t GPEFL$gRals, andanJmpFpveq receiver havige 4 $pgerh dsgoder, forderenying theeadder , and
means, respofSision Rytipls accgisadip sepEwHsAEon sighalse Wherpia dhe imBrvement FIRPHSSS out put
a

means for framing the output of the speech digitizer into fixed frames
corresponding to a fixed whole number of speech signals;

means for generating an activity indication for each fixed frame;

means for inhibiting transmission of said fixed frame of symbols when no activity
is indicated and for resuming the transmission only for whole fixed frames identified by said
activity indication;

means for deciding at the receiver whether the transmitter has or has not inhibited
transmission of a fixed frame, and

means, responsive to the deciding means, for causing the receiver to output a
default audio signal upon deciding that transmission of a frame has been inhibited.

19. An improved communication system according to claim 18 the transmissions
discontinue or resume only at the boundaries of the fixed frames.

20. An improved communications system according to claim 18 wherein the radio
communication signals overlapping on the same frequency have staggered frame alignments,
such that their respective instants for discontinuing or resuming transmission do not fall at the
same instant, but are distributed over a frame period.

21. An improved communications system according to claim 12, wherein the radio
communication signals overiap on the same frequency have staggered frame alignment, each
frame having at least one known symbol, such that their respective known symbols are not
transmitted at the same instant but are distributed over a frame period.

22. An improved communications system according to claim 12, wherein the
improved transmitter is disposed in a cellular base station and the improved receiver is
disposed in a mobile station.

23. An improved communications system according to claim 22, wherein the
transmitter of the mobile station determines the time alignment of the frames for transmission
based upon time alignment of frames received, from the base station transmitter.

24. An improved communications system according to claim 18, wherein the
improved receiver is disposed in a cellular base station and the improved transmitter is
disposed in a mobile station.

25. An improved radio communication system including an improved transmitter for
transmitting radio communication signals having a speech digitizer for speech signals, and an
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default audi o signal upon deciding that there is a discontinuance of
activity fromthe transmtter. 26. A nmethod for conmunicating speech
information in a cellular radio tel ephone system conprising the steps of:
digitizing a speech signal and dividing the digitized signal into franes of
predeterm ned | ength; detecting whether the speech signal represents active
speech; encoding the digitized signal W8h a code related to the

comuni cation; transmtting the encoded signal to a receiver; inhibiting
the transm ssion of a frame of the encoded signal when the portion of the
speech signal associated with that frame does not represent active speech;
recei vi ng t liaprovedweesiver dot redegjing thatadip compminication sifmals Haviag a $peechaleendor d

si gnal , rel athexein the immbvensotcompriset i on code, at the

means for framing digitized speech from the speech digitizer into fixed frames
corresponding to a fixed whole number of bits;

means for generating an activity indication for each fixed frame based on speech
activity;

means for discontinuing the transmitter when there is no activity indication and for
resuming the transmitter only at fixed frames identified by the activity indication;

means for deciding whether the transmitter has or has not discontinued
transmission only at predetermined fixed frames which correspond to frames of speech bits at
the input of the speech decoder, and

means, responsive to the deciding means, for causing the receiver to output a
default audio signal upon deciding that there is a discontinuance of activity from the
transmitter.

26. A method for communicating speech information in a cellular radio telephone
system, comprising the steps of:

digitizing a speech signal and dividing the digitized signal into frames of
predetermined length;

detecting whether the speech signal represents active speech;
encoding the digitized signal with a code related to the communication;
transmitting the encoded signal to a receiver;

inhibiting the transmission of a frame of the encoded signal when the portion of
the speech signal associated with that frame does not represent active speech;

receiving the transmitted signal at a receiver;

decoding the received signal, relative to said communication code, at the
beginning of a frame of the signal to obtain digital data;

determining whether the obtained digital data meets a minimum correlation
threshold;

continuing to decode the received signal for the remainder of the frame if the
digital data meets the correlation threshold; and
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begi nning of a frane of the signal to obtain digital data; determning
whet her the obtained digital data neets a mninmumcorrelation threshol d;
continuing-to decode the received signal for the remainder of the frame if
the digital data neets the correlation threshold; and -29 - inhibiting
t he decodi ng of the received signal for the remainder of the frane,
relative to said communication code, whedPthe digital data does not neet
the correlation threshold. 27. The nethod of claim 26 wherein said

conmmruni cation code includes a spreading

inhibiting the decoding of the received signal for the remainder of the frame,
relative to said communication code, when the digital data does not meet the correlation
threshold.

27. The method of claim 26 wherein said communication code includes a spreading
code having a predetermined number of symbols, and wherein each of said frames comprises a
whole number multiple of said predetermined number of symbols.

28. The method of claim 26 further including the step of resuming the decoding
received signal, relative to said communication code, at the beginning of the next received
frame in the signal after inhibiting said decoding for the remainder of a previous frame.

29. A method for transferring speech communication from a base station to respective
mobile units in a cellular radio telephone system, comprising the steps of:

digitizing a plurality of speech signals and dividing each digitized signal into
frames of predetermined length;

detecting whether each speech signal represents active speech;

encoding each digitized signal with a code related to the mobile unit for which the
respective speech signal is intended;

inhibiting the transmission of each frame of each encoded signal that is not
associated with active speech;

combining the encoded signals and transmitting the combined signals;
receiving the transmitted combined signals at a receiver;

decoding the received combined signal, relative to one of said communication
codes, at the beginning of a frame to obtain digital data;

determining whether the obtained digital data meets a minimum correlation
threshold;

continuing to decode the received signal relative to said one code for the
remainder of the frame if the digital data meets the correlation threshold; and

inhibiting the decoding of the received signal for the remainder of the frame,
relative to said one code, when the digital data does not meet the correlation threshold.

30. The method of claim 29 further including the step of decoding the received signal

relative to a second code at the beginning of a frame of the signal associated with said second
code.
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code having a predeterm ned nunber of synbols, and wherein each of said
frames conprises a whole nunber nultiple of said predeterm ned nunber of
synbols. 28. The nethod of claim 26 further including the step of resum ng
t he decodi ng received signal, relative to said comuni cation code, at the
begi nning of the next received frane in the signal after inhibiting said
decoding for the remai nder of a previot¥frame. 29. A nethod for
transferring speech comruni cation froma base station to respective nobile
units in a cellular radio tel ephone system conprising the steps of:
digitizing a plurality of speech signals and dividing each digitized signal
into frames of p3édd&hemeihnéd df dlEmPOrwherkit the fiames oftalitofisaid digitizedspgmisthase gnal
represent s gredetceminpdtmb alighneotiielativecta ohe aholiet.i zed signal with a code
related to the nobile unit for "which the respective speech signal is

i ntended; i nhi bi B2nNThé hethbd 8Nc#inSi vilierein the &aines éfaath eipeadeligieo digtal aignal
that is not offset by a predetermined amount relative to the frames of each of the other digitized signals.

33. A method for transmitting speech information in a cellular radio telephone system,
comprising the steps of:

digitizing a speech signal and dividing the digitized signal into frames of
predetermined length,

’ detecting whether the speech signal represents active speech;
encoding the digitized signal with a code related to the communication;
transmitting the encoded signal to a receiver; and

inhibiting the transmission of a complete frame of the encoded signal when the
portion of the speech signal associated with that frame does not represent active speech.

34. A method for communicating speech information in a cellular radio telephone
system, comprising the steps of:

digitizing a speech signal and dividing the digitized signal into frames of
predetermined length;

detecting whether the speech signal represents active speech;
encoding the digitized signal with a code related to the communication;
transmitting the encoded signal to a receiver;

inhibiting the transmission of a frame of the encoded signal when the portion of
the speech signal associated with that frame does not represent active speech;

receiving the transmitted signal at a receiver;

decoding the received signal, relative to said communication code, at the
beginning of a frame of the signal to obtain digital data;

determining whether said digital data corresponds to a symbol indicative of speech
activity indication or a no-speech indication;
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associated wth active .speech; conbining the encoded signals and
transmtting the conbined signals; receiving the transmtted conbi ned
signals at -a receiver; decoding the received conbined signal, relative to
one of said conmunication codes, at the beginning of a frane to obtain
digital data; determ ning whether the obtained digital data nmeets a m ni num
correlation threshold; continuing to decC 4e the received signal relative to
said one code for the remainder of the frame if the digital data neets the
correlation threshold; and inhibiting the decoding of the received signal
for the remainder of the frame, relative to said one code, when the digital
dat a does not neet t bentipwing &l decoderihd decobet cigaal if3id digia! datd dooatshd<ioai m 29
further incl sgeaalyadtivey stdizptianf, antbcodi ng t he received signal relative to a
second code at the beginning of a frame of the signal associated with said
second inhibiting decoding of the received signal for the remainder of the frame if said

digital data corresponds to a no-speech indication.

35. A method for transferring speech communication from a base station to respective
mobile units in a cellular radio telephone system, comprising the steps of:

digitizing a plurality of speech signals and dividing each digitized signal into
frames of predetermined length;

detecting whether each speech signal represents active speech;

encoding each digitized signal with a code related to the mobite unit for which the
respective speech signal is intended;

inhibiting the transmission of each frame of each encoded signal that is not
associated with active speech,;

combining the encoded signals and transmitting the combined signals;
receiving the transmitted combined signals at a receiver;

decoding the received combined signal, relative to one of said communication
codes, at the beginning of a frame to obtain digital data;

determining whether said digital data corresponds to a symbol indicative of speech
activity indication or a no-speech indication;

continuing to decode the received signal if said digital data corresponds to a
speech activity indication; and

inhibiting decoding of the received signal for the remainder of the frame if said
digital data corresponds to a no-speech indication.
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code. -30- 31. Thg,nethod of claim 29 wherein the frames of all of said
digitized signals have a predetermned time alignnment relative to one
another. 32. The nethod of claim 31 wherein the frames of each respective
digitized signal are offset by a predeterm ned anount relative to the
frames of each of the other digitized signals. 33. A nethod for
transmitting speech information in a céd-ular radi o tel ephone system
conprising the steps of: digitizing a speech signal and dividing the
digitized signal into franes of predeterm ned |ength;

DISCONTINUOUS CDMA RECEPTION

ABSTRACT OF THE DISCLOSURE

A cellular radio telephone system employs
discontinuous transmission and reception of speech
signals to conserve receiver processing resources. A
frame structure is imposed on digitized speech data to
divide the éata into units of fixed transmission time.
When no active speech is present for the entire
duration of a frame, transmission of that frame of data
is inhibited. At the receiver, decoding of received
bits is performed to determine correlation with a
defined set of code words. If no correlation is found
after the first few received bits of a frame, due to
the absence of active speech data, decocding is
discontinued for the remainder of the frame's duration.
This approach frees up the receiver's resources for
other tasks, such as decoding of other received
signals. Franmes of data from different sources are
transmitted with a defined time alignment to enable the
receiver to remain synchronized in the absence of
transmitted data. The frames associated with different
sources are staggered relative to one another, to
distribute processing loads at the receiver.

ey s . 3 &

‘his i the toplacement shest
N Wiy 08

T 8 MAY 8



G pogex of dipwings frief
det ecting whether the speech signal represents active speeghPrzndatd n§ fdhg 207
digifized signal with a code related to the conmmunication; transmitting the
~encoded signal to a receiver; and inhibiting the transm ssion of a conplete
frame of the encoded signal when the portion of the speech signal
associated with that frame does not repygsent active speech. 34. A nethod
for comruni cating speech information in a cellular radio tel ephone system
conprising the steps of: digitizing a speech signal and dividing the
digitized signal into franes of predeterm ned |ength; detecting et her the
speech signal represents active speech; encoding the digitized sij@Bal with
a code related to tde commugi cation; ti‘ansm'dti ng the gpcoded sighgl to a
receiver; inhsbiting the trgnsm ssion of a ff\g'rama of the encoded sfBnal when
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t he speech signal associated with that frame does not represent active
speech; receiving the transmtted signal at a receiver; decoding the
received signal, relative to said comruni cati on code, at the begi nning of
frame of the signal to obtain digital data; determ ning whether said
digital data corresponds to a synbolir5v§ative of speech activity

i ndi cation or a no-speech indication; -31- continuing to decode the
received signal if said digital data corresponds to a speech activity

i ndication; and inhibiting decoding of the received signal for the

remai nder of the franme if said
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di gital data corresponds to a no-speech indication. 35. A nethod for
transferring speech comunication froma base station to respective nobile
units in a cellular radio tel ephone system conprising the steps of:
digitizing a plurality of speech signals and dividing each digitized signal
into frames of predeterm ned | ength; deBgeti ng whet her each speech signal
represents active speech; encoding each djgifized signal with a code
related to the nobile unit for which the spective speech signal is

i ntended; inhibiting the transm ssion of fach frang f each encoded si gnal
that is not associated with active speech]-—cpnbi ni{&| t he encoded signals
and transmtting the conbined signals; receijving tthejtransm tted conbi ned
signals at a receiver; decoding tpReqreceived] conbiinefl signal, relative to
one of said comunication S : i
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codes, at the beginning of a franme to obtain digital data; determ ning
whet her said digital data corresponds to a synbol indicative of speech
activity indication or a no-speech indication; continuing to decode the
received signal if said digital data corresponds to a speech activity

I ndi cation; and inhibiting decoding of the received signal for the

remai nder of the frame if said digital 4% a corresponds to a no-speech
i ndi cati on.
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