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BATTERY- POANERED RADI O TRANSCEI VER W TH | MPRQVED BATTERY LLEE AND NETHCD OF
QPERATI ON BACKGROUND OF THE I NVENTI ON The present invention relates

general ly t Owh sg8 | requency (RF) communications and nore wepnisogbsssd |y to
a battery- pomere radlo transceiver, cellular telephone or the |like for
transmtting and receiving digital S|gnals with inproved battery life and
met hod utilized by the transceiver or cellular telephone for reducing 10

el ectrical power consunption to prolong battery life. D scontinuous

transm ssion (DTX) of signals fromthe subscriber units (nobile and
portabl e tel ephone termnals) to serving base stations has been enployed in
digital cellular comrunications systens for y years 15 and such

operation is described in s (o} t I can
Digital Cellular (ADC) IS ﬁ%“d"ﬁ%%i# RppYo" fifeciitde v | 00
(GSM, and Advanced Mbi FMPRQURR !&!?!#N(H%IQQBNWNUFTEPP OF nePERATIEON N

Mut ti pl e Access (TidoxarOuny oF TRECPRCERTEON Systens, however, allow the

sursciter Ui s (o0l Rk L b 40 B AT B BB °
5 freguency (RF) communications and more particularly to a
battery-powered radio transceiver, cellular telephone or
the like for transmitting and receiving digital signals
with improved battery life and method utilized by the
transceiver or cellular telephone for reducing

10 electrical power consumption to prolong battery life.

Discontinuous transmission (DTX) of signals from
the subscriber units (mobile and portable telephone
terminals) to serving base stations has been employed in
digital cellular communications systems for many years

15 and such operation is described in specifications for
systems such as American Digital Cellular (ADC) IS-54B,
Global System for Mobile Communications (GSM), and
Advanced Mobile Phone System (AMPS). Not all Time
Division Multiple Access (TDMA) cellular telephone

20 systems, however, allow the subscriber units (mobile and
portable telephone terminals) to operate in a DTX mode
when two-way communications or conversations are not in
progress, or, in other words, when the subscriber unit
is idle. .

25 One reason for non-DTX operation in some systems is
that extra message traffic is required between the base
station and the subscriber unit to command the
subscriber unit to turn its transmitter on and off to
verify that the communications link is still present

30 between the base station and the unit. Another reason
for continuous transmission between the base station and
subscriber units is that the base station equipment must
be capable of generating comfort noise for transmission

to the subscriber units or terminals to avoid unpleasant
35 discontinuities in the speech pattern, such as a



progress, or, in other words, when the subscriber unit is idle. 25
One reason for non-DTX operation in sone systens is that extra nessage
traffic is required between the base station and the subscriber unit to

command the syhoghdsper unit to turn its transmtter on and OﬁémgﬂmMﬁﬁﬁfy
t he base st

that the communications link is still present 30 bet ween ation
and the unit. Another reason for continuous transm ssion between the base
station and subscriber units is that the base station equi pnment nust be
capabl e of generating confort noise for transm ssion to the subscriber
units or termnals to avoi d unpl easant 35 di scontinuities in the speech
pattern, such as a WO 96/ 33585

PCT/ US96/ 05504 2 transition from background nofse to silence in the uplink

(term nal -to-base s ationl audpo signal _when the termn ceasges ,to
transmit speech. Th&FBRE4 %Pﬁt*ﬁ?f“e%ﬁqimﬁ"%r B8aPPeEC 5 ?ﬁ‘?"ndd'hsé‘ﬁ gnal
fromthe 5 subscrupdinkni{teominakrtiordases sfatdon) cauvdio reignal cdveinothe
noirse. Accordingly, +3rRihBY ¥edsef R trdifinit speech. The base station
equipment requires a continuous signal from the
5 subscriber unit or terminal to generate the return
comfort noise. Accordingly, a primary disadvantage of
non-DTX systems relative to DTX systems is that the
subscriber terminal is required to send a continuous
signal to the base station which results in increased
10 power consumption and reduced battery life.

Therefore, a need exists for reducing the power
consumption in the terminals operating in non-DTX
systems while continuing to transmit noise or other
signals to the base station when regular speech or other

15 control signals are not being transmitted to the base
station.

It is accordingly a primary object of the present
invention to provide a novel battery-operated radio
transceiver and method of operation which is not subject

20 to the foregoing disadvantages.

It is another object of the present invention to
provide a novel radio transceiver and method of
operation with reduced electrical power consumption and
prolonged battery life.

25 It is a further object of the present invention to
provide a novel radio transceiver and method of
operation wherein at least some components of the speech
encoder of the transceiver are de-energized when there
is no uplink speech present to reduce power consumption

30 and increase battery life.

These and other objects of the present invention,
together with the features and advantages thereof, will
become apparent from the following specification when
read with the accompanying drawings in which like

35 reference numerals refer to like elements.



non- DTX systens relative to DIX systens is that the subscriber termnal is
required to send a continuous signal to the base station_which results in.
i ncreased 10 power consunption and reduced battery life. Therefore, a
need exists {Ryosh§e9Ci Ny the power consunption in the term nhGusReesssd i N9
I n non-DTX systens while continuing to transmt noise or other signals to
t he base station when regul ar speech or other 15 control signals are not
being transmtted to the base station. It is accordingly a prinmary object
of the present invention to provide a novel battery-operated radio
transcei ver -and net hod of operation which is not subject 20 to the
foregoi ng di sadvantages. It is another object of the present invention to
provi de a novel radio transceiver and method &f operation with reduced

el ectrical power CQI,“#".ilg and praolanaged battery life. 25 It is a
further object of Mg prese s gH-to provide a novel radio

transcei ver and nethod &h apeerdance Wikle theypriesgat ipwentieponemethgd t he
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5 digital signals divided into frames, each containing
digital parameter codes characterizing analog speech and
noise signals, includes the steps of determining if
speech is present; setting each of the digital parameter
codes to at least one of determined or selected values
10 for a predetermined number of frames when speech is not
present; transmitting the determined or selected
parameter code values, which define an artificial noise
signal, to a base station when speech is not present;
and substantially reducing electrical power consumption
15 to a digital signal processor of the radioc transceiver
because at least some components of the transceiver are
not required to process signals and may be de-energized
when transmitting the artificial noise signal.
In further accordance with the present invention, a
20 battery-powered radio transceiver for transmitting and
receiving digital signals with improved battery life
includes an operator interface and a transmitter
electrically connected to a microphone in the operator
interface to convert speech signals into digital radio
25 frequency (RF) signals for transmission. A receiver is
electrically connected to a speaker and the operator
interface to receive digital RF signals and to convert
the RF signals into audio signals which are in turn
transmitted to an operator from the speaker. A
30 microprocessor is electrically connected to the operator
~ interface, the transmitter and the receiver to control
operation of each of these units. An electrical storage
battery is electrically connected to the microprocessor
to supply electrical power to the microprocessor, the
35 operator interface, the transmitter and the receiver via




These and ot her objects of the present invention, together with the
features and advantages thereof, will beconme apparent fromthe follow ng
specification when read wth the acconpanying drawi ngs in which |ike 35

reference nunﬁkgké sgfer to like el enments. WO 96/ 33585  perusesissos
PCT/ US96/ 0550 RY OF THE I NVENTION I n accordance wth the present

I nvention, a nethod for reducing electrical power consunption in a radio
transcei ver capable of transmtting and receiving 5 digital signals divided
into frames, each containing digital parameter codes characterizing anal og
speech and.-noi se signals, includes the steps of determning if speech is
present; setting each of the digital paraneter codes to at |east one of
determ ned or sel ected val ues 10 for a predetdrnined nunber of frames
when speech is not prese E%_transnitting t he determ ned gr sel ected

e
paraneter code val ues*® PPFOFPRECL, AR InteuNa Rfsembly A8 copnected, o
stati on when speech respestivedyeonto thed tramsmitter [and yegeimgrefexrtri cal

power consunption  transmitting and receiving the digital RF signals and
the transmitter includes a digital signal processor
5 which is programmed to de-energize at least some of its
components and to generate an artificial noise signal
for transmission when speech is not being received by
the microphone.

10 BRIEF DESCRIPTION OF THE DRAWINGS
Figure 1 is a block schematic diagram of a radio
transceiver or cellular telephone capable of
transmitting and receiving digital signals.
Figure 2 is a block schematic diagram of a vector-
15 sum excited linear prediction (VSELP) speech encoder.
Figure 3 is a fepresentétion of a speech data frame
and subframes of a TDMA digital signal.
Figure 4 is a block schematic diagram showing
communications between two subscriber or transceiver
20 units via a base station in a RF communications or
cellular telephone systemn.
Figure 5 is a flow graph of the method of reducing
electrical power consumption in a radio transceiver or

cellular telephone in accordance with the present
25 invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS
In order to best describe the present invention, a
brief description of an example of a radio transceiver,
30 cellular telephone or the like and its operation are
warranted. Figure 1 is a block schematic diagram of a
typical radio transceiver 10, cellular telephone or the
like capable of transmitting and receiving digital
signals. The radio transceiver 10 in Figure 1 could
35 also be a dual-mode cellular telephone, i.e., capable of



15 to a digital

signal processor of the radio transceiver because at

| east sone_conponents of the transceiver are _not required tQ process

signals and nmay be de-energi zed when transmtting the artificial noise

signal. In f
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o transceiver for transmtting and receiving digital

signals with inproved battery life includes an operator interface and a
transmitter electrically connected to a m crophone in the operator
interface to convert speech signals into digital radio 25 frequency (RF)
signals for transmssion. A receiver is electrically connected to a
speaker and the operator interface to receive digital RF signals and to
convert the RF signals into audio signals which are in turn transmtted to
an operator fromthe speaker, A 3 m ¢roprocessor is electrj,cal
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rator, 1nterface, the transnmitter
since the present invention is utilized when the

transceiver 10 is operating in a digital system which
does not permit operation of the cellular telephone 10
in the discontinuous mode (DTX). The transceiver 10
includes an operator interface 12 containing a display
14 to provide visual signals to the subscriber or user
as to the status of the transceiver 10 and a keypad 16
which permits the subscriber to communicate commands to
the transceiver 10. A control unit 18 is providead to
interface between the display 14 and keypad 16 and a
microprocessor 20 controls operation of the transceiver
10 under a stored program. The microprocessor 20
encodes and decodes control signals and performs calls
processing procedures. The operator interface 12 also
contains a microphone 22 and a speaker 24. The
microphone 22 receives audio signals from the user and
converts the audio signals to analog signals for
transmission to a transmitter 26 of the transceiver 10.
The speaker 24 receives analog signals from a receiver
28 of the subscriber unit 10 and converts the analog
signals to audio signals which can be understood by the
user.

The microphone 22 is electrically connected to an
analog-to-digital converter 30 in the transmitter 26.
The analog-to-digital converter 30 changes the analog
signals into a 104 kilobit per second (kbps) pulse-coded
modulation (PCM) digital form. Eight thousand (8k) PCM
samples are taken of the signal per second with 13 bits
per sample which translates into 104 kbps. The analog-
to-digital converter 30 is electrically connected to a
digital signal processor 32 in transmitter section 26.
The digital signal processor (DSP) 32 contains a speech
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m_croprocessor. An antenna assenbly is connected, respectively, to the
transmitter and receiver for transmtting and receiving the digital RF

signals and tweekssmgsm tter includes a digital signal procespgfmSesossdldi ch
I's programmed to de-energize at |east sone of its conponents and to

generate an artificial noise signal for transm ssion when speech is not
bei ng received by the m crophone. 10 BRI EF DESCRI PTI ON OF THE DRAW NGS
Figure 1 is a block schematic diagramof a radio transceiver or cellular

t el ephone capable of transmtting and receiving digital signals. Figure 2
Is a block schematic diagramof a vector- 15 sum excited |inear

predi ction (VSELP) speech encoder. Figure 3 i s6a representation of a speech
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transcei ver 20 unFharafterizes and gompresses thecdhddnibpsidigitadr data
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reducing el ectrical spougt; GRNSUIPL Ubrracd 1689080 L 0SS Plne sr¥ormat ion.

5 The digital signal processor 32 is electrically
connected to a phase modulator and RF amplifier 38 which
are shown as a single block in Figure 1 for purposes of
clarity. The modulator may be a II/4 differential
quadrature phase shift keying (DQPSK) modulator which

10 changes the digital data into proportional phase shift
changes in the radio freguency (RF) carrier. The linear
RF amplifier then boosts the output of the modulator for
transmission. The RF amplifier 38 of the transmitter 26
is electrically connected to an antenna assembly 40

15 which includes a duplexer 42 and an antenna 44. The
antenna assembly 40 matches the impedance of the
transmitter 26 and receiver 28 in order to permit
transmission and reception of digital signals. The
duplexer 42 receives the encoded digital signals from

20 the RF amplifier 38 and is coupled to the antenna 44 for
transmission of the digital signals to a base station.

The duplexer 42 of the antenna assembly 40 is

connected to a DQPSK receiver/amplifier 46 of the
receiver unit 28. Digital signals received by the

25 antenna 44 are then transferred by the duplexer 42 to
the DQPSK receiver/amplifier 46 which boosts the low
level RF digital signal to a level appropriate for input
into another digital signal processor 48 in the receiver
28. The digital signal processor 48 includes a

30 demodulator which converts proportional freguency
(phase) changes into digital data and an equalizer
section adjusts the receiver section 42 to compensate
for the phase and amplitude distortions created by the
transmission path of the radio signal. A channel

35 decoder separates signaling commands from speech data



cellular tel ephone in accordance with the present 25 i nvention. DETAI LED
DESCRI PTI ON OF THE PREFERRED EMBODI MENTS In_order to best _describe the
present 1 nvention, a brief description of an exanple of a radio

transcei Ver,wﬁbsm%?' | ul ar tel ephone or the like and its op '

warrant ed. Figure s a block schematic diagramof a typical radio
transceiver 10, cellular telephone or the |like capable of transmtting and
receiving digital signals. The radio transceiver 10 in Figure 1 could 35

al so be a dual -node cel lul ar tel ephone, i.e., capable of WO 96/ 33585
PCT/ US96/ 05504 transmitting and receiving both anal og and digital. signals;
however, only the digital transmt and receive transm ssion paths are shown
for purposes of clarity since the present invéntion is utilized when the 5

oporaton of the cBRRUREFSPEE QUL ROEROGYS BN BFEBER, PRGCR-RRRRD (SERAeT e
transcei ver 10 i nctodeerts thercompressed Bakbpg2dabat back ninto didplkbpslisd to
provide visual sigpahSai@itdf S4ESC I digitas signal processor 48 is

electrically connected to another digital-to-analog

5 converter 50 which converts the digital speech data into
its original analog signals for transmission to the
speaker 24.
The microprocessor 20 operating under stored

program control coordinates the operation of the

10 transmitter 26 and the receiver 28. The microprocessor
20 inserts and extracts control messages, changes
physical parameters, such as channel frequencies, and
communicates with the operator interface 12 to permit
the subscriber to command and control operation of the

15 transceiver 10. The microprocessor 20 is powered by a
battery 48 which also supplies power to the operator
interface 12, the transmitter 26 and the receiver 28.

The speech codec 34 may be a class of speech coder
known as a codebook-excited linear prediction (CELP)

20 coder, such as a vector-sum excited linear prediction
(VSELP) speech codec as described in Telecommunications
Industry Association (TIA) Interim Specification
IS-136.2, November 14, 1994, pages 29-71. The present
invention will be described with reference to a VSELP

25 codec; however, those skilled in the art will recognize
that the principles described could easily be adapted to
any type speech codec.

A VSELP encoder 54 is illustrated in Figure 2 in
block diagram form and will be described briefly for

30 purposes of understanding the present invention. The
VSELP 54 basically converts the analog speech signals
received by microphone 22 into digital parameter codes
which can be encoded, modulated, amplified and
transmitted by the antenna assembly 40. Speech received

35 by microphone 22 is converted from an anaiog signal to a




10 as to the status of the transceiver 10 and a keypad 16 which permts

t he subscriber to communicate commands to the transceiver 10. A contro

unit 18 is provided to interface between the display 14 and keypad 16 and a
M CroprocessGyg trols operation of the transceiver 15 pdfiudébsaps 2
stored program e m croprocessor 20 encodes and decodes control signals
and perforns calls processing procedures. The operator interface 12 al so
contains a mcrophone 22 and a speaker 24. The m crophone 22 receives audio
signals fromthe user and 20 converts the audio signals to anal og signals
for transmssion to a transmtter 26 of the transceiver 10. The speaker 24
recei ves anal og signals froma receiver 28 of the subscriber unit 10 and
converts the anal og signals to audio signals which can be understood by the

2 oueh arot, m  AB8RE g 0 e RS Pad b ety
converter 30 changeFhehdighbabsignghlframitbeaA7Dicanyenter 0 iscpasded
(kbps) pul se-coded gfroughdal féuen (dxddr ‘ﬁr&bgﬁhgfroﬁ%e H HegH passand (8k)
PCM sanpl es are tak?glgf tgg @I‘ al ‘{:{‘% seclon__fvvlth b|$£%$e%psag%]|ee
which translates in 85 RBpEIGH SRS WMo EPEPERFY Y RO Fes
el ectrically coSnecsdgnad.a The output of the Chebyshev filter 56 is then
passed to a covariance unit 58 along one transmission
path 60 and to a weighting filter 62 along another
transmission path 64. The covariance unit 58 performs
the function of computing the autocorrelation function
10 of the audio frame. From the output signal of the
covariance 58, one of the digital parameter codes, the
frame energy R, is determined from a processing unit 66
which computes and gquantizes the energy of the frame.
The output of the covariance 58 is also connected to a
15 bandwidth (BW) expander 68. A linear prediction coding
(LPC) analysis 70 is performed on the output signal of
the BW expander 68 to provide the LPC reflection
coefficients r;. The LPC analysis 70 is a fixed point
variance lattice algorithm, FLAT, which is described in
20 more detail in TIA Interim Specification IS-136.2.
There are ten reflection coefficients r; which represent
the short-term predictor parameters. Each of the ten
reflection coefficients r; are quantized by a separate
~ codebook as described in TIA Interim Specification ISs-
25 136.2 and the guantized reflection coefficients for the
first three subframes of each frame of digital speech
are interpolated 72 and transmitted with the fourth
subframe of uninterpolated coefficients to a synthesis
filter H(z) 74 which is electrically connected to the
30 interpolator 72.
The digital parameter codes also include a long-
term predictor lag (L), a first codebook codeword (I),
and a second codebook codeword (H). There is an L, I
and H parameter for each of the four subframes of the
35 TDMA speech frame (Figure 4). The parameters L, I and H



digital signal processor 32 in transmtter section 26. 35 The digital
signal processor (DSP) 32 contains a _speech____ WD 96/ 33585
PCT/ US96/ 05504 6 coder 34 and a channel coder 36. The speech coder 34

characterlzaﬁogag onpresses the 104 kbps digital data intopérfifaediddisy and
t he channel 6 inserts error detection, error correction and

signaling information. 5 The digital signal processor 32 is electrically
connected to a phase nodul ator and RF anplifier 38 which are shown as a
single block in Figure 1 for purposes of clarity. The nodul ator nmay be a
I1/4 differential quadrature phase shift keying (DQSK) nodul ator- which 10
changes the digital data into proportional phase shift changes in the radio
frequency (RF) carrier. The Ilnear RF anplifi®r then boosts the output of

o electri cal Iy coRFBcERMEd o, Hmnia she, Foeal Ja1onted FRGR idfzcs a

dupl exer 42 and aniaetenthe jparameksrsiagienselectedl sosthant the didital

i npedance of the tpapaNbtée’ cofed FbprdintCas?B1bBe?yU8:s bOsHEETE ithe
digitally encoded speech signal.

5 The linear predictor lag (L) is derived from a
long=-term filter 74 and codewords I and H are,
respectively, selected from codebooks 1 and 2 (76 and
78), to minimize the total error as described in more
detail in TIA Interim Specification IS-136.2. Each of

10 the outputs of the long-term filter 74, codebook 1 (76)
and codebook 2 (78) are, respectively, multiplied by
excitation gains 8,7, and v, by multipliers 80, 82 and 84
and added by summer 86 to provide an excitation signal
e,(n). The excitation gains §,y, and v, are determined

15 from a GSPOP1 codebook 88 as a function of the output of
the long-term filter state 74 b (n) and codewords I and H

and the frame energ§ R as described in more detail in
TIA Interim Specification IS-136.2.
The excitation signal e,(n), is inputted into the

20 synthesis filter 74 with the quantized reflection
coefficients from the interpolation 72. A zero input
response 90 of the synthesis filter H(z) is subtracted
from the weighted digital signal from weighting filter
62 to provide a resultant signal p(n). The output

25 signal of the synthesis filter 74, p’(n), is subtracted
from p(n) where 0 £ n < N-1 and N equals the subframe
length of 40 samples. Each of the differences between
p(n) and p’(n) are summed from n equals zero to n equals
N-1 and squared to provide the total weighted error

30 squared for each subframe.

Table 1 illustrates the allocation of bits per
frame for each of the parameter codes determined from
the VSELP 54. Figure 3 illustrates a TDMA speech frame
94 which contains 160 PCM samples (13 bits each sample)

35 and is 20 milliseconds in duration. The speech frame is



transm ssion and reception of digital signals. The dupl exer 42 receives the
encoded digital signals fram20 . the RF anplifier. .38 and is coupled to the
antenna 44 for transm ssion of the digital signals to a base station. The
dupl exer 42 of, tgpﬁ”g%tenna assenbly 40 is connected to a DOPRKrusesnssod
receiver/anpllPier of the receiver unit 28. Digital signals recelved by
the 25 antenna 44 are then transferred by the duplexer 42 to the DQPSK
recei ver/anplifier 46 which boosts the lowlevel RF digital signal to a

| evel appropriate for input into another digital signal processor 48 in the
receiver 28. The digital signal processor 48 includes a 30 denodul at or

whi ch converts proportional frequency (phase) changes into digital data and
an equal i zer section adjusts the receiver sectibn 42 to conpensate for the

phase and anplitude i Ll QN rapsjission path qf .th
radio signal. A chaﬁﬁgﬁaggaéad%%%%g¢&§g5§¥%%g§e%i9§é€$§§hdﬁﬁﬁhﬁﬁgﬂFPﬁnﬁo
speech data WO 96Ampies and are 5 milliseconds in duration or length.
PCT/ US96/ 05504 7 ang1debpeeeh apeceDiéd By niickophbfieS2 A NLs dadd¥iihgigcoder
sampled and divided into frames 94 by the transmitter 26

5 according to the protocol illustrated in Figure 3.



converts the conpressed 8 kbps data back into 104 kbps PCM di gital data.
The digital signal processor 48 is electrically connected to another
digital-to-analog 5 converter 50 which converts the digital speech data
into its orighﬂggﬂigglog signals for transm ssion to the Speﬁﬁﬂﬁm@éﬂﬁ&ﬂe

m cr opr ocessor operating under stored programcontrol- coordinates the
operation of the 10 transmtter 26 and the receiver 28. The

m croprocessor 20 inserts and extracts control nmessages, changes physical
parameters, such as channel frequencies, and conmuni cates with the operator
interface 12 to permt the subscriber to command and control operation of
the 15 transceiver 10. The m croprocessor 20 is powered by a battery 48
whi ch al so supplies power to the operator intettace 12, the transnmitter 26
and the receiver 28. The speech codec 34 nagﬁg a.class of speech coder
known as a codebook-excited |inear predicti ?CEEP) 20 coder, such as a
vector-sum excited |inear predidOCORIONSOF F¥DERSREEQH) BRRAMEs BI®SCri bed in
Tel. econmuni cati ons I ndustry Association (TIA) Interim Specification

he

| S-136. 2, Novenber l4,_lggA,grégﬁﬁﬁggajl__J%ﬁ_ AN
described with refe enggmgg TBR | BE% ec

however, those skilled in
the art will re gn Zes CODE FRAME DEFIRITION
R RO "5 Frame Energy
r, LPCl 6 1st reflection coefficient
r, LPC2 5 2nd reflection coefficient
r, LPC3 5 3rd reflection coefficient
10 r, LPC4 4 4th reflection coefficient
X LPC5 4 Sth reflection coefficient
r, LPC6 3 6th reflection coefficient
I, LPC? 3 7th reflection coefficient
r, LPC8 3 8th reflection coefficient
15 Ty LPCY 3 9th reflection coefficient
Ty LPC10 2 10th reflection coefficient
L, LAG_1 7 lag for first subframe
L, LaG_2 7 lag for second subframe
Y LAG_3 7 lag for third subframe
20 L, LAG_4 7 lag for fourth subframe
I, CODE1_1 7 1st codebook codeword for lst
subframe
I, CODE1_2 ? 1st codebook codeword for 2nd
subframe
I, CODE1_3 7 1lst codebook codeword for 3rd
subframe
1, CODE1_4 7 1st codebook codeword for 4th
subframe
25 H, CODE2_1 7 2nd codebook codeword for 1st
subframe
H, CODE2_ 2 7 2nd codebook codeword for 2nd
subframe
H, CODE2_3 7 2nd codebook codeword for 3rd
gubframe
B, CODE2_4 7 2nd codebook codeword for 4th
subframe
B: Yo 2 GSPO_1 8 gains for first subframe
30 B, Y T2 GSPO_2 8 gains for second subframe
B, Y Y2 GSPO_3 8 gains for third subframe
B, Yir Y2 GSPO_4 8 gains for fourth subframe




that the principles described could easily be adapted to any type speech
caodec. A VSELP encoder 54 is_illustrated in Figure 2 in block diagramform
and will be described briefly for 30 pur poses of understanding the
present i nvenigygassss e VSELP 54 basically converts the anal ggrs

signals received by m crophone 22 into digital paranmeter codes which can be
encoded, nodul ated, anplified and transmtted by the antenna assenbly 40.
Speech received 35 by m crophone 22 is converted froman anal og signal to
a WD 96/ 33585 PCT/ US96/ 05504 8
digital signal by A/D converter 30 (see also Figure 1). The digital signal
fromthe A/D converter 30 is passed through a fourth order Chebyshev type
Il high pass filter 56 which renoves Iom#freqdﬁ%cy noi se fromthe 5

covar ance anit 58 al onSeLeERERE B8 Tloie a?h oe3ated attneser apdem o
62 al ong anot her tr d¥sniRsilon Ipatihand. G?rﬂ@ cdntanmined by thegVSBLP o54rsanehe
fumction of CO”DUtIfﬂhﬁdﬁ%eauiﬁ€6r£ﬂ|éﬁéé&hﬁ'§@phhpﬁhe digital signal
processor 32 (Figure 1) to put the codes into proper
5 form for modulation by phase modulator 38 and
transmission by the antenna assembly 40 to a base
station 100 which, during a call, retransmits the signal
to another subscriber unit 102 or to a mobile telephone
switching office (MTSO) 104 which in turn may switch the

10 signal to another base station or to the public
telephone switching network (PTSN) 106 and out to a
wireline subscriber 108.

Referring to Figure 5, in accordance with the
present invention, the digital signal processor 32 is

15 programmed to determine whether speech is present,
decision block 110, and if so, the digital signal
processor 32 goes through the normal digital speech
processing algorithm, block 112 to determine the digital
parameter codes characteristic of the speech signals.

20 If speech is not present, each of the digital parameter
codes are set to either a determined or selected value
to define an artificial noise signal which is
transmitted to a base station in a non-DTX cellular
telephone system. Portions of, or all of the VSELP 54

25 may then be de-energized when the radio transceiver 10
is transmitting the artificial noise signal to conserve
battery power. When speech is not present, the
excitation gains v, and ¥, may be set to their midrange
values which are determined during actual processing of

30 speech signals and stored or from actual noise before
de-energizing all or portions of the VSELP 54, as
indicated by block 114 in Figure 5. The long-term pitch
predictor lag, L, and the long-term excitation gain g8
may each be set to zero or to values determined and

35 stored from actual speech or from noise processing in



10 of the audio frame. Fromthe output signal of the covariance 58, one
of _the digital paraneter codes, the franme energy R is determned froma
processing unit 66 which conputes and quantizes the energy of the frame.
The out put of“&ﬁﬁﬂgﬁgariance 58 is also connected to a 15 _?ayh%épéhAEﬂN
expander 68. I'"'near prediction coding (LPC) analysis 70 i erformed on
the output signal of the BWexpander 68 to provide the LPC reflection .
coefficients r[err]. The LPC analysis 70 is a fixed point variance lattice
al gorithm FLAT, which is described in 20 nore detail in TIA Interim.
Specification 1S-136.2. There are ten reflection coefficients rlerr] which
represent the short-term predictor paraneters. Each of the ten reflection
coefficients r[err] are quantized by a sepa&aﬂﬁ codebook gs dsfcr{bed in
TIA Interim Specifigation J S~ 25 136.2 and the quantized reflection
coefficients for tHER® FLTita) Sdanal PEREesseT oz tbetorms de~-eneyaizingpadin
are interpol ated 72omrphttsarcfirithee ¥SBLPhSEhebioek tineubATaicated by

i o ' ' 7 jch s

ot r1 bal Ty comnect ¥ iy, e Skt ln Loddlodbdn Shdd Rhe Tt to.,

codes al so i ncl ude SRTNRLY Balached valyes| fxon | godebgakssil dJsdbedr 2

codeword (1), adhd a(B&)ccarll didelrck retdestion (¢tdeffittiehtss rithdy He set to
values determined and stored during periods of actual
processing of noise signals, block 120. 1In block 122,
the frame energy R may be set to an average value which
is determined and stored from the processing of actual

10 speech or from actual noise signals before the VSELP 54
is de-energized. The level of background noise may be
estimated initially when speech is not present and the
frame energy R may be determined and stored from this
background noise. The frame energy R is then set to

15 this stored value for transmitting the artificial noise
signal when speech is not present.

These determined or selected values for the digital
parameter codes are encoded by encoder 98 and
transmitted to the base station 100 (Figure 4) as an

20 artificial signal when speech is not present (block 124,
Figure 5) so as to maintain a continuous communications
link as required in non-DTX TDMA cellular telephone
systems or other type radio communication systems
requiring a continuous signal.

25 In accordance with the present invention, after a
predetermined number of frames 94 (Figure 3), the
de~energized components of the VSELP 54 may be
re~energized for a predetermined time period to update
any of the digital code parameters from actual noise

30 present in the radio transceiver 10 (block 126, Figure
5). The digital parameter codes may thus be
periodically updated to revise the artificial noise
signal based on actual noise present in the transceiver
10 by re-energizing the components of the VSELP 54,

35 until speech is again detected by the digital signal




and H paraneter for each of the four subfranes of the 35 TDVA speech
frame (Figure 4). The paraneters L, I and H WD_96/ 33585
PCT/ US96/ 05504 9 are selected to minimze the total weighted error 92,

i.e., the par are selected so that the digital parane
represent as §ﬁ§§§%§sas possible the digitally encoded speechegpgna.su5

The linear predictor lag (L) is derived froma long-termfilter 74 and
codewords | and H are, respectively, selected fromcodebooks 1 and 2 (76
and 78), to minimze the total error as described in nore detail in TIA
Interim Specification | S-136.2. Each of 10 the outputs of the long-term
filter 74, codebook 1 (76) and codebook 2 (78) are, respectively,

mul tiplied by excitation gains [err] and [err]ly nultipliers 80, 82 and 84
and added by sumer 86 to grovide an excitation signal e[err](n). The
excitation gains [ ePFPCeRacFe??] (RAFKdIM i ned 15 from a GSPOPL codebook
88 as a function of theWhileuthefprtdsentorimveatiohi hasrbedrmtdesot ibednivighd

codewords | and H apdghlet! £8"F PRI YedderS, Lhdse BRE11GE T Gt lhid il
recognize that the present invention is also applicable
5 to any type speech codec and that the present invention
is not limited to the specific embodiments described and
illustrated herein. Different embodiments and
adaptations besides those shown herein and described as
well as many variations, modifications and eguivalent
10 arrangements will now be apparent or will be reasonably
suggested by the foregoing specification and drawings,
without departing from the substance or scope of the
invention. While the present invention has been
described herein in detail in relation to its preferred
15 embodiments, it is to be understood that this disclosure
is only illustrative and exemplary of the present
invention and is merely for purposes of providing a full
and enabling disclosure of the invention. Accordingly,
it is intended that the invention be limited only by the
20 spirit and scope of the claims appended hereto.



TIA Interim Specification I S-136.2. The excitation signal e[err](n), is
I nputted into the 20 synfesT<fitrer—74a Wi The quant i zed+eflection—
coefficients fromt he i nt ef pol MERIACED SHEETS | np86 resjponse 90 of the
synthesis fi is sdib racted fromthe hted.dl | t apcrTiddEassod r oM
wei ghting fi Her to pro esgriplen ;3 PAGRY; <y 59 (‘1‘9‘ he ‘out put 25
signal of the synthesis fillibClaif(s) p" paged P §9m@c-té)d romp{m—where 0

[err] n [err] N1 and N eq EibraMi@(stﬁéeﬁW&‘L&B@hﬁé&f -40 sapp Each of
the differences between p( aﬂ%’ (n su omn equ
equal s N-1 and squared to k% 38the%a%?gr"ﬁgﬂgﬁ?é% errpr ’ , '
each subfrane. Table 1 illustraies the allocation of bits pe

ﬁced
each of the paraneter codes determined fromtR& VSELP 54. Figure 3
illustrates a Twaxﬁﬁafch frame 94 which contains 160 PCM sanples (13 bits
each sample) 35 B850 nilliseconds in duration. The speech frane is
WD 96/ 33585 1. A method for reducing FElgciSoigrals FEwer0

subdi vi ded into fousoRs\BASENEE 3P aVaBlocREAnseRiver cHbable of
transmitting and receiving digital signals which are
5 divided into frames, each frame containing digital
parameter codes characterizing analog speech and noise
signals, said method comprising the steps of:
(a) determining if speech is present;
(b) setting each of the digital parameter
10 codes to at least one of determined or selected
values for a predetermined number of frames when
speech is not present; _
{c) transmitting the determined or selected
parameter code values, defining an artificial noise
15 signal, to a base station when speech is not
present; and
(d) substantially reducing electrical power
supplied to a digital signal processor of the radio
transceiver when transmitting the artificial noise
20 signal.

2. The method of claim 1, wherein step (4d)
comprises the step of de-energizing at least some
selected components of a speech encoder of the digital

25 signal processor.

3. The method of claim 2, wherein the digital
parameter codes comprise a frame energy (R), a set of
excitation codewords (H, I), a set of excitation gains

30 (8, %, 72):, a set of pitch predictor lag parameters (L),
and a set of linear predictive coding (LPC) coefficients
(r;), and wherein step (b) comprises the steps of:

determining and storing values for R, H, I, 8, 7,

v;, L and r; from actual speech or noise before de-
35 energizing at least some selected components of the

AN 0




sanples and are 5 mlliseconds in duration or length. Al speech received
by m crophone 22 is accordingly sanpled and divided into franes 94 by the
transmtter 26 5 according to the protocol illustrated in Figure 3. WO

96/ 33585 W%QSSM
Tabl e 1 ALLOCXPS4958: TDMVA SPEECH FRAME BI TS PARAMVETER__ Bl
SYMBOL CODE FRAVE  DEFI NI TI ON R M

Frame Energy r[err] LPC1 6 | ot reflébsﬂmakapgggkgl
rierr] LPC2 5 2nd reflectlon coeff|C|
LPC3 5 3rd reflection coefficient 10 mm!’ﬁ“ ,]mﬂk
4 4th reflection coefficient r[err] LPC5
reflection coefficient r[err] : LPCs 16 6th reflection
coefficient rferr] %. 3 7th reflectlon coefficient
rperr] LpcgSpeech encoder; apgd | eof| ection coefficient 15
rlerr] LPC9 settingBR, H,9Th Bef{acth ol e fri to ethieirf estdred
LPC10 Z i#éfiéfﬂgfdﬂgmﬁggighcbfnéhéi§¥€ﬂf1cia1 not8& Lignal.
7 lag for first su

5 4. The method of claim 3, further comprising the

step of periodically energizing the de-energized
selected components of the speech encoder to update at
least some of R, H, I, 8, v, 72, L and r;from actual
noise that may be present.
10

5. The method of claim 1, wherein step (4)
comprises the step of de-energizing at least some
selected components of a vector-sum excited linear

predicative coding (VSELP) speech encoder of the digital
15 signal processor.

6. The method of claim 5, wherein one of the
digital signal processor or a microprocessor of the
radio transceiver are pre-programmed to disconnect power

20 to the at least some selected components of the VSELP
speech encoder when transmitting the artificial noise
signal. |

7. The method of claim 5, wherein one of the
25 digital parameter codes is a frame energy and wherein
step (b) comprises the steps of:
estimating the level of background noise when speech
is present; and
setting the frame energy to the estimated level of
30 background noise for transmitting the artificial noise
signal.

8. The method of claim 1, wherein the digital

parameter codes comprise a set of excitation codewords
35 and wherein step (b) comprises the step of randomly

* [+ L M S *




L{err] LAG 2 7 |l ag for second subfranme L[err] LAG
3

7 lag for third subfranme 20 Llerr] LAG 4
7 llag for fourth subframe I[err] CODE1_1 7 1st
codebook codeword for |st subframe I[err] CODE1_2
codebook cod V3 2nd subfrane I[err] CODE1_3 PCJ@&EM&W%
codebook codeword for 3rd subfrane I[err] CCDEl-4————~—‘7‘“"~’T§?—
codebook codeword for 4th subfrane 25 H err] elmai 7
2nd codebook codeword for 1st subfrane H err]
2nd codebook codeword for 2nd subfranme H err] \\“\“‘\“\\“‘\
2nd codebook codeword for 3rd subfranme H4 CCDEZ
codebook codeword for 4th subfrane [err] 17 GSPO 1 galns

for first subframe 30 @E ai ns for
second subfrane [epp}lecting eagiynf the excit&tion §8¢E‘S°¥'@ﬁ £¥eR A% dsaste
[err] GSPOofie codebook of a (spewch’ @ncodett hosubfaﬁmitting the

artificial noise signal.

5 9. The method of claim 1, wherein the digital
parameter codes comprise a set of excitation gains, a
set of pitch predictor lag parameters, and a set of
linear predictive coding (LPC) coefficients, and wherein
step (b) comprises the step of setting each of the

10 excitation gains, pitch predictor lag parameters, and
LPC coefficients to respective constant values each
estimated during a period of actual noise transmission.

10. The method of claim 1, further comprising the
15 step of periodically updating at least some of the
digital parameter codes.

11. A battery-powered radio transceiver for
transmitting and receiving digital signals with improved

20 battery life, comprising:

an operator interface;

a transmitter electrically connected to a microphone
in said operator interface to convert speech signals
into digital radio frequency (RF) signals for

25 transmission;

a receiver electrically connected to a speaker in
said operator interface to receive digital RF signals
and to convert the RF signals into audio signals from
said speaker;

30 a microprocessor electrically connected to said
operator interface, said transmitter and said receiver
to control operation thereof;

an electrical storage battery electrically connected
to said microprocessor to supply electrical power to

35 said microprocessor, said operator interface, said

AW



WO 96/ 33585 PCT/ US96/ 05504 12
Referring to Figure 4, the digital paranmeter codes (r[err], R L, I, Hand
GSPO) determ ned by the VSELP 54 are inputted into an encoder 98 in ths
digital signal, sor 32 (Figure 1) to put the codes into orm
fo? nDduIagloncgg ﬁﬁgse nodul at or 38 and transm ssion-by the Eﬁﬁéﬁﬁgau
assenbly 40 to a base station 100 which, during a call, retransmts the
signal to another subscriber unit 102 or to a nobile téﬂhéiry

of fice (MI'SO 104 which in turn may switch the 10  sign Hm Mﬂubase
t to
Wt

station or to the public tel ephone sw tching network (PT
a wireline subscriber 108. Referring to Figure 5, in accordance
present invention, the digital signal processo’#a 32 is 15 programed to

det er mi ne whet her SR t n bl ock 110 if so, the
digital signal proce?gg'?mégtg e§§€h§%ﬁ€% vﬁ&'n’gllad?ﬁf'?a’? ERRRQFessor ;
processi ng al gorithm bRBcantenna assankly fort travsyitiing andratere iorices

characteristic of thpeSRPeshghaDER #na 20 | f speech is not present, each

of the digital paraneteraid transmitter comprising a digital signal

5 processor programmed to de-energize at least some of its
components and to generate an artificial noise signal
for transmission when speech is not being received by
said microphone.

10 12. The radio transceiver of claim 11, wherein
said digital signals are divided into frames, each frame
containing digital parameter codes characteristic of
analog speech and noise signals received by said
microphone and wherein said digital signal processor

15 detects when speech is not present and sets each of the
digital parameter codes to at least one of determined or
selected values for a predetermined number of frames,
said determined or selected digital parameter code
values defining said artificial noise signal for

20 transmission to a base station when speech is not
present.

13. The radio transceiver of claim 12, wherein
said digital signal processor periodically energizes its
25 de-energized components to update at least some of said
determined or selected parameter code values to generate
said artificial noise signal. |

14. The radio transceiver of claim 12, wherein the
30 digital parameter codes comprise a frame energy (R), a
set of excitation codewords (H, I,), a set of excitation
gains (8, v,, 7:), a set of pitch predictor lag
parameters (L), and a set of linear predictive coding
(LPC) coefficients (r;), and wherein said digital signal
35 processor is programmed to determine and store a value

_—
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codes are set to either a determ ned or selected value to define an
artificial noise signal which is transmtted to a base station in a non-DTX
cellular tel ephone system Portions of, or all of the VSELP 54 25 may
then be de- eges giHgek When the radio transceiver 10 is t r ans péfgignsds
artificial noise signal to conserve battery power. Wen speech 1s not
present, the excitation gains [err] and [err] nmay be set to their m drange
val ues which are determ ned during actual processi ng of TBOSheet$acheiR&lagedal s
and stored or fromactual noise before de-energizing all- ' t he
VSELP 54, as indicated by block 114 in Figure 5. The lon

predictor lag, L, and the long-termexcitation gain [err] eac e set
to zero or to val ues deternined and 35 stor&® from actual speech or from
noi se processing | 6/,.33385

PCT/ US96/ 05504 13 t d? rgiftralrsPandie PeockANE TSTRR: 3FEUAL NASS i RALOF e

or parts of the VSIﬁﬂlmrqilmb atcledsti sohe e ditis/ componentg, anfieto set
excitation codeworgs ifand g ane SBt 1CahdNEeY ¥natkestofed Wdfited YN

ks 1 (76) and 2
codebooks 1 (76) generate said artificial noise signal.

5
15. The radio transceiver of claim 14, wherein the
digital signal processor is programmed to periodically
energize its de-energized components to update at least
some of R, H, I, B, v, ¥, L and r;from actual noise that
10 may be present.

16. The radio transceiver of claim 12, wherein
said digital parameter codes comprise a set of
excitation codewords which are each randomly selected by

15 said digital signal processor from at least one codebook
for generating said artificial noise signal.

17. The radio transceiver of claim 12, wherein

said digital parameter codes'comprise a set of

20 excitation gains, a set of pitch predictor lag
parameters, and a set of linear predictive coding (LPC)
coefficients which are set to respective constant values
by said digital signal processor to generate said
artificial noise, said constant values being estimated

25 and stored during a period of actual noise processing
and transmission.

18. A digital signal processor for use in a radio

transceiver capable of transmitting and receiving

30 digital signals which are divided into frames, each
frame containing digital parameter codes characterizing
analog speech and noise signals, said digital signal
processor comprising:

- means for determining if speech is present;
35 means for setting each of the digital parameter

I
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5° (78) and the LPC reflection coefficients r[err] may be set to val ues

determ ned and stored during periods of actual processing of noise signals,
bl.ock 120. In block 122, the frame energy R nay be set to an average val ue
which is det eggggRskgand stored fromthe processing of actual pip gach or
from actual noise signals before the VSELP 54 is de- energized ﬁﬁe evel of
background noi se may be estimated initially when speech is not present and
the frame energy R may be determined and stored fromthis background n0|se

The frame energy Ris then set to 15 this stored valuﬂnfﬁna

the artificial noise signal when speech is not present. . llmllmw d or
sel ected values for the digital paraneter codes are enco

and transnmitted to the base station 100 (FiguR® 4) as an art|f|C|aI

si gnal when speech t. Dr nt. (block 12 ure.5) so . as.to nalntaln a
cont i nuous conmuni céé?%én)st‘f) %‘ie‘l s&ecﬁ’g’% % éﬁtﬁ’&ﬂ Jﬁ]ﬁflce&tle&l ¥plue

t el ephone systens ofobtddpredgkemizmed ounbeni efit frames sthers speechr isgnet
continuous signal. gpeesent; |nN accordance with the present invention, after
a predeterm ned nunber of fr S n% ggie 3%1lé t be de-energi zed_conponents
of the VSELP 54 may be T30, Be e Asterinad orygelsated

updat e 5 parameter code values, defining an artificial noise
signal, to a base station when speech is not present;
and

means for de-energizing at least some selected
components of the digital signal processor.
10
19. The digital signal processor of claim 18,
further comprising means for periodically energizing'the
de-energized selected components of the digital signal
processor to update at least some of the digital
15 parameter codes.

20. The digital signal processor of claim 18,
further comprising a codebook-excited linear prediction
(CELP) coder.

-
-
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any of the digital code paraneters from actual noise 30 present in the

radio transceiver 10 (block 126, Figure 5)._The digital paraneter codes may
thus be periodically updated to revise the artificial noise signal based on

actual noi se §§g& in the transceiver 10 by re-energizing ents
of the VSELP ?? s until.'speech is again detected by the §?§P§a S1 gnal
WO 96/ 33585 PCT/ US96/ 05504 14
processor 32 (block 110). Wiile the present invention has been described

with respect to a VSELP codec, those skilled in the art will recognize that

the present invention is also applicable 5{)? ﬁﬁny type speech codec and
that the present invention is not limted t’thhe specific enbodi nents

described and illustrated herein. Different enbodi nents and adaptations
besi des those shown herein and described as well as many vari ati ons,
nodi-fications and equi val ent 10 arrangenents will now be apparent or wl|l
be reasonably suggested by the foregoing specification and draw ngs,.
Wi t hout departing fromthe substandk OﬁElOf t he
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i-nvention. Wile the present invention has been described herein in detai
inrelation to its preferred 15 enbodinents, it is to be understood that
this disclosure is only illustrative and exenplary of the present invention
and is merel é§hmagrposes of providing a full and enabling i e of

t he inventio*ﬁi ccordingly, it is intended that the inventigg&gé |nf%ed
only by the 20 spirit and scope of the clains appended hereto. d ai ns:

1. A nmet hod for reducing electrical pomgg &gnsunption in a radio
transcei ver capable of transmtting and re / ng digital signals which are
divided into franmes, each frame containing digital paranmeter codes
characterizing anal og.. speech signals and anal og noi se signals, said nethod
conprising the steps of: (a) determining if the anal og speech signals are
present; (b) setting each of the digital parameter codes to at |east one

of -determ ned or sel ected values for a predeternt unber of franes when
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t he anal og speech signals are not present; (c) transmtting the determ ned

or_selected paraneter code values, defining_an artificial noise signal, to
and (d)

a _base station when the anal og speech signals are not present;
reduci ng eleqbbgaﬁkﬁpomer supplied to a digital signal processor of the
radi o transcer ver e

met hod of claim 1, wherein step (d) conprises the step of de-energizing at
| east some sel ected conponents of a speech encoder of the digital signal

ntransnmtting the artificial noise sighGIUSM0SSM The

processor. 3. The nethod of claim2, wWB/&n the digital paraneter codes

conprise a frane energy R, a set of excitation codewords H, I, a.set of

excitation gains [err] a set of pitch predictor |ag paraneters L, and a set

of linear predictive coding coefficients r[err], and wherein step (b)
conprises the steps of: determning and storing values for "R ,"H, "I,
[err] [err] "L and 'r[err]' from actual speech or actual noise before
de-energi zing at | east sone sel ected conponents of the

160 PCM SAMPLES
20 MSEC

SUBFRAME 2 | SUBFRAME 3 | SUBFRAME 4
Y
SPEECH DATA FRAME 94

40 SAMPLES
S MSEC

SUBFRAME 1
SUBFRAME 96

Fig. 3



16 speech encoder; and setting 'R, '"H, 'I", [efr] "L'" and r[err] to the

val ues stored for transmtting the art|f|C|aI noi se signal _when anal og

speech signals are not present. 4. The nethod of claim3, further
conpri sing th ep of periodically energizing the de-energ ted
conponent s o 9S/é’%’beech encoder to update at | east sonme of k’ﬁf:'ﬁls-??sﬁ’?ﬁs[err]
[err], L and r[err] froman actual signal noise that nmay be present.

The met hod of claim1, wherein step (d) conprises the step of de- energ|2|ng
at | east sonme sel ected conponents of a vector-sumexcited |inear

predi cative codi ng (VSELP) speech encoder of the digital signal processor.
6. The nmethod of claimb5, wherein one4qf5t he digital signal processor or
a mcroprocessor of the radio transceiver are pre-progranmed to de-energize
the at | east sone sel ected conponents of the VSELP speech encoder when
transmtting the artificial noise signal. 7. The met hod of claimb5,
wherein one of the digital paraneter codes is a frane energy and wherein

§
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st-ep (b) conprises the steps of: estimating a |evel of background noise
when the anal og speech signals are present; _and setting the franme energy to
the estimated | evel of background noise for transmtting the artificial

noi se signal . g The met hod of claim1, wherein the digital paraneter
codes conpri OB of excitation codewords and wherein stéﬁc?ﬁ¥m@ﬁﬂﬁrises
the step of randonly 17 selecting each of the excitation codewords from
at | east one codebook of a speech encoder for transmtting the artificial
noi se signal. 9. The nethod of claim1 rein the digital paraneter
codes conprise a set of excitation gains, t of pitch predictor |ag
paraneters, and a set of l|inear predictive coding coefficients, and
wherein step (b) conprises the step of setting each of the excitation
gains, pitch predictor |ag paranmeters, and |linear predictive coding
coeftficients to respective constant val ues estimated fjgomthe noise

si gnal s. /,—-112

IS DIGITAL
SPEECH SPEECH
PRESENTS PROCESSING
‘ ALGORITHM

NQ
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VALUES DETERMINED
OURING SPEECH
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SET L=0 AND B=0
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DEENERGIZING
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* /"“118

SET EXCITATION
CODEWORDS H & |

/‘ 126 TO VALUES RANDOMLY
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B, ¥1¥2, L AND n
FROM ACTUAL NOISE AN .
1 TO VALUES
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ENCODE r,, R, L, |, 122
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AND TRANSMIT SET R TO VALUE
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1 DEENERGIZING VSELP
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10. The method of claim1, further conpri sing th
f the digital paraneter ¢

oot oryIIHILNRERTILAFL
battery ansceiver for transmttin

signals Wth |onovéd battery life, conprising: 4§
transmtter electrically connected toja m crophor
I nterface to convert anal og speech signals into t
transm ssicQings F ecei ver electrically connected t

56
esc&’ﬁﬁﬁeﬁ%g ;gtf lp}ilged -
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n CbP&awing(s) i: pagedf.acto paged .=
el Abstsicti oppagedor”. to paged

he digital RF si r
0 M?E)Qﬁkq{EGEIqupai SOG'P b

(0]

operator interface tRﬁEﬁoé’le Ehge%u%lr#al § sl grat
o] [

] ' ectr ai II &_U CUITVCTT L Lllc |\r
digital si gnalls into au§| 0°Si gRal Spea k&P, g m Cr opr ocessor

eIectricahqpsumpmimedinoasaadl@pémam@canveranpabtalthransn1tter and
sai d recelyely, sﬂ'tﬂﬁgt Bh@dre %fe%%]%%,p%ﬂyl eéf%ﬁaigabmcsowect ed to said
el ectrica to sal

i croprocessor 1o su m cropr ocessor, said
operator idiekdedeinsag; ﬁrﬁin&ﬁ’smeta@? frane Fontatningr digiadgj d

m cropr Oceﬁéﬁémeﬁéraaé&@@acl?éﬁ@é@ﬂliﬂig taﬁﬂ!ﬁfg Hﬁé&lﬁ%‘ig&ﬁ&@ wng the RF
digital si nais ang
og noise signals, said method comprising the steps
of:
(a)

determining if the analog speech signals
are present;

. (b) setting each of the digital parameter
codes to at least one of determined or selected
values for a predetermined number of frames when
the analog speéch signals are not present;

(c) transmitting the determined or selected
parameter code values, defining an artificial noise
signal, to a base station when the analog speech signals
are not present;

(d) reducing electrical power .
supplied to a digital_signal processor of the radio

transceiver when transmitting the artificial noise
signal.

and

2. The method of claim 1, wherein step (d)
comprises the step of de-energizing at least some

selected components of a speech encoder of the digital
signal processor.

3. The method of claim 2, wherein the digital
parameter codes comprise a frame energy R,

excitation codewords H, I,
B. 1« 2. a set of pitéh predictor lag parameters
and a set of linear predictive coding coefficients
r;, and wherein step (b) comprises the steps of:

N HEW

'v2¢ 'L'and 'r;' from actual speech or actual noise before

de-energizing at least some selected components of the
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a set of
a set of excitation gains
L,

determining and storing values for 'R! 'H! I
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18 saiﬁ transmtter conprising a digital signal processor programmed to

de- ene Mﬂﬂu sonme conponents of said digital signal processor
and to A ” {Mficial noi se si gnal when the anal og speech signals
are not beind ré&cefved by said nicrophone, said artificial noise

signal being transmtted to a base stagion to permt the base station to
generate a return confqQrt noise signal. 12. The radio transceiver of claim
11, wher ei PREEP RYFPEPTSi §R&l s are divided into frames, each frane

cont ai ni ng di gidettpagdrbt'g godgs cﬁgnzot qIiHd g_oftot & 2 RAIUE S RALGNRG
signal s andﬁﬂﬁ@£89T3§¥ﬁF g%gna s..Iecel ved by sai d'm crophone and wherein
said digital signal proce oﬁrﬁﬁ?ﬁﬁ?%'VW@?]ﬁHﬂ?ﬂaH&Pb@“§§ébéﬁa§#gnaIs are
not presentSigndls @re mychredenthe digital paraneter codes to at |east one of
determ ned or selected code values for a predeterm ned nunber of franes,

said determ ned or selected digital parameter code val ues defining said
artificial noisé.sign@hevmethod ofaciaimt 8¢ fargheasedipriinghenet he

anal og speegh o3 I e ‘ The radio transceiver of claim
12, wherein sai dgﬁféﬁ?gfﬁ%?ﬁﬂéf§péggégééinﬁe?ﬁ%dgsaﬁﬂfﬁﬂhﬁ zes
. selected components of the speech encoder to update at

least some of R, H, I, B, v, 72, L and r;from an
-actual signal noise that may be present.

S. The method of claim 1, wherein step (d)
comprises the step of de-energizing at least some _
selected components of a vector-sum excited linear

predicative coding (VSELP) speech encoder of the digital
signal processor.

6. The method of claim 5, wherein one of the
digital signal processor or a microprocessor of the
radio transceiver are pre-programmed to de-energize

the at least some selected components of the VSELP

speech encoder when transmitting the artificial noise
signal.

7. The method of claim 5, wherein one of the
digital parameter codes is a frame energy and wherein
step (b) comprises the steps of:

estimating a 1level of background noise when the

analog speegh signals are present; and

setting the frame energy to the estimated level of

background noisg for transmitting the artificial noise
signal. -

8. The method of claim 1, wherein the digital
parameter codes comprise a set of excitation codewords

and wherein step (b) comprises the step of randomly
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said af Teast some conponents of said digital signal processor which were
de- ener mmﬂi | east sonme of said determ ned or selected

par amet MHM“\‘ generate said artificial noise signal. 14. The
radi o transcei er "of *claim 12, wherein the digital paraneter codes conprise
a franme energy R, a set of eXC|tat|on1iodemords H I, a set of

excitation gains [err] a set of pitch predictor |ag paraneters L, and a set
of linear gpspsittinygecaati Ry e C@eéit@te@hScbbewblmﬁn&dWaei De&atd

dlgltal si gnal pro o] S pro erm_ne and store val ue 19
for R, e cPRaBBRR o T P A b e F B S Ra P 1 B85 R e
de-energlzamglﬁacdam:ﬂqaﬂﬁ siogma Tonponents of said digital signa

processor and to set 'R, 'H 'I', [err] "L' and "r[err]' to the values

storfed to generate said artificial noise signal. 15. The radio
transcei ver of2el ai mThe Wﬁﬁh%ﬁnoﬁaﬁaadmgﬂbawhﬂqykﬂ thecdigbrals

br ogr ame dpipaetbadichldy saRpBize 3akdtabel SasiSATRROUROREN! S Of said

di gi tal S|gnal processor which were de-energi zed to updaté at | east some of
'R, 'H, Sgt Feﬂﬂth_pgﬁglcp?gr;?g parameters, and a set of

11near predictive coding coefficients, and wherein
step (b) comprises the step of setting each of the
excitation gains, pitch predictor lag parameters, and

" linear predictive coding coefficients to respective
constant values estimated from.the noise signals.

10. The method of claim 1, further comprising the
step of periodically updating at least some of the
digital parameter codes.

11. A battery-powered radio transceiver for
transmitting and receiving digital RF signals with
improved battery life, comprising:

an operator interface;

a transmitter electrically connected to a microphone
in said operator interface to convert analog speech
signals into the digital RF signals for transmission;

a receiver electrically connected to a speaker in
said operator interface to receive the digital RF
signals and to convert the RF digital signals into audio
signals from said speaker;

a microprocessor electrically connected to said

operator interface, said transmitter and said receiver;

an electrical storage battery electrically connected
to said microprocessor to supply electrical power to
said microprocessor, said operator interface, said
transmitter and said receiver, via said microprocessor;

an antenna assembly for transmitting and receiving
the RF digital signals; and
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roman actual noise signal that may be present. 16. The radio
transcel jﬂmmu II lm ﬂnl erein said digital paraneter codes conprise a
set of e whi ch are each randomy sel ected by said
digital si gnal processor from at | east one codebook for generating said
artificial noise signal. 17. The radig transceiver of claim 12, wherein
said digital paraneter codes conprise a set of excitation gains, a set of
pitch predictor _Lag p r nd,.a sef_o Ilnear |ct|ve codi ng
coefficients eac %r%qﬁstmgirt}eszgt cf%mgre*sspnérté i ve con%tlant val ues qby sai d
digital si gnab%ﬁ@@esp@‘pglremg@ﬂer &oe dei-éngrdifdeci @t ndissst saameonst ant
val ues bei egm%hbmtsedoﬁndsﬁ@r %ngtﬂalngsagﬂaw ofr¥heRsaet ugﬁdnoeée Si gnal s
are being pro,esse and transm ttéd sai d radi o transceiver.
digital sigREETALECceIRBoPTFGEiRIR] nn81F8d|%1€FF%s&'é‘i%r t}é%péﬁ’rael‘?ﬁ
transmtti Bgeact re@ﬁgﬂam daget alnst gnBkSnyhi GlecdBrel vi Bgd gy franes,
each franme _containing d| argngtet odes characterlz% analog speech
si gnal s anB*&%&P éﬁnﬁblse 8t naI§r 519181 gi tBP &P gnF  FHdces R Dnpri si ng:
means for tdebhasmigiteg itc ahbasaatbgtigeecd pexmit stlae doqrreemmcsmans for

setting eagh %fentel}%t@ U Al R3] WGfSrt noise signal.

12. The radio transceiver of claim 11, wherein
said digital signals are divided into frames, each frame
containing digital parameter codes characteristic of the
analog speech signals and analog noise signals received
by said microphone and wherein said digital signal
processor detects when the analog speech signals are not
present and sets each of the digital parameter codes to
at least one of determined or selected code values for
a predetermined number of frames, said determined or
.selected digital parameter code values defining said
artificial noise signal which is transmitted to a base

station when the analog speech signals are not present.

13. The radio transceiver of claim 12, wherein
said digital signal processor periodically energizes
said at least some components of said digital signal
processor which were de-energized to update at least
some of said determined or selected parameter code

values to generate said artificial noise signal.

14. The radio transceiver of claim 12, wherein the
digital parameter codes comprise a frame energy R, a
set of excitation codewords H, I, a set of excitation
gains B, v, v, a set of pitch predictor lag
parameters L, and a set of linear predictive coding

LPC coefficients r;,, and wherein said digital signal

processor is programmed to determine 'and store a value



20 codes to at | east o determ ned or selected code values for a
predeterm Elmﬂ E}iﬁﬂms when t he anal og speech signals are not
present; ne ing the determ ned or sel ected paraneter code
val ues, deflnlng an artificial noise signal, to a base station when the

anal og speech signals are not present;i@nd neans for de-energizing at |east
sonme sel ect ed, conponents ,of the dlqltal si gnal processor. 19. The digital
si gnal proc@ssRy Br diraifm '8, i theand b Eiromn g crraiads njods epdreifodiecal | y
energ|2|rmﬁé*mnébgfmﬁﬁglzsﬂdsgteﬁéeétCQ&R@”@G&ﬁoHLnEQeo@' h&ﬁ' naly
processor .0 dat e at Ieast some of the detern1ned or ecte ﬁ%?aneter

code val uELonA) Progasagmiand tQ Fel Rolks<d) 'Sl 'O‘Ilalm.l‘a,. afmit:htarto

Compri Si Nt cRiEbesks e6E0aCeol HERBEARLCGRIY Wt 1HHLR {661 24 oAgIRNN0C
for reducing electrical power consunption in a radio transcei

capable of transmtting and receiving digital signals which are
15. The radio transceiver of claim 14, wherein said

digital signal processor is programmed to periodically
energize said at least some components of said digital
signal processor which were de-energized to update at
least some of 'R, 'H, 'L, B, v\’ 'y, 'L’ and 'r} |

from an actual noise szgnal that may be present.

16. The radio transceiver of claim 12, wnerein
said digital parameter codes comprise a set of
excitation codewords which are each randomly selected by
said digital signal processor from at least one codebook
for generating said artificial noise signal.

17. The radio transceiver of claim 12, wherein
said digital parameter codes comprise a set of
excitation gains, a set of pitch predictor lag
parameters, and a set of linear predictive coding
coefficients each of which are set to respective constant
values by said digital signal processor to generate said
artificial noise, said constant values being estimated
and stored during a period when actual noise signals are
being'processed and transmitted by said radio transceiver.

18. A digital signal processor for use in a radio
transceiver capable of transmitting and receiving
digital signals which are divided into frames, each
frame containing digital parameter codes characterizing
analog speech signals and analog noise signals, said
digital signal processor comprising:

means for determining if the analog speech signals
are present;

means for setting each of the digital parameter
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divided into franes, each frame containing digital paranmeter codes

char actérumuﬂ"ﬁmmﬂﬂmrimch signal s and anal og noi se signals, said nethod
conpr i si ng kAR | 'llla) determning if the anal og speech signals are
present; (b) settiflg 8ach of the digital parameter codes to at |east one of
determ ned or selected values for a prggeterm ned nunber of franmes when the
anal og speech signals are not present; (c) transmtting the determ ned or
sel ect ed pawdest dro codelgastiesnedefi Gefgrainad! idd Waled@bscsdgnal , to a
base stati o MRaN £d}€ a preh ARG Hfilbet Y frdlds NHled GReNt 10 permt

the base station to generate a return confort noise S|gnaﬁ; and; (d)
reduci ng @naiad cmeeqivwaignasisp@reechott wreseatitgi t al  signal  processor  of

the radio tranReHyeforhePahbARtihG' R B2 cAH S Ar N2 PE-EL4A! -
parameter code values, defining an artificial noise
signal,; to a base station when the analog speech

signals are not present; and

means for de-energizing at least some selected
components of the digital signal processor.

19. The digital signal processor of claim 18,

further comprising means for periodically energizing the
de-energized selected components of the digital signal

processor to update at least some of the determined or
selected :parameter code values.

20.. The digital signal processor of claim 18,

further comprising a codebook-excited linear prediction
CELP coder.

21. A method for reducing electrical power
consumption in a radio transceiver capable of

transmitting and receiving digital signals which are

divided into frames, each frame containing digital
parameter codes characterizing analog speech signals and
analog noise signals, said method comprising the steps
of:

(a) determining if the analog speech signals are
present;

(b) setting each of the digital parameter codes to
at least one of determined or selected values
for a ﬁ:edetermined number of frames when the
analog speech signals are not present;

(c) transmitting the determined or selected
parameter code values, defining an artificial

noise signal, to a base station when the

This is the replasement sheet

o 4 ocT 998

Date:



22. A di grtal—stgnal —processor for use in a radi o transceiver capable of

tranSm tti

haVal digital signals which are divided into franes,
each framamﬁm !‘tﬁl@“llﬂﬂmal par anmet er codes characteri zi ng anal og speech
* e

signal s an

neans for

signals are not present;

sl gnals, said digital signal processor conprising:

r determning if speech signalgjare present; nmeans for setting each
of the digital paranmeter codes to at |east one of determ ned or selected
code val ues for a predeterm ned nunber of franes when the anal og speech

station to generate ‘a return confort nojse signal; and nmeans for

de-energi zing at | eaSP™EQRE BRFELt BYIRBIPORABAFSs of the digital signal

processor.

(d) reducing electrical power supplied to a
digital signal processor of the radio
transceiver when transmitting the artificial

noise signal.

22. A digital signal processor for use in a radio
transceiver capable of transmitting and receiving
digital signals which are divided into frames, each
frame containing digital parameter codes characterizing
analog speech signals and analog noise sigmnals, said
digital signal processor comprising:

means for determining if speech signals are
present; . .

means for setting each of the digital parameter
codes to at least one of determined or selected code
values for a predetermined number of frames when the
analog speech signals are not present;

means for transmitting the determined or selected
parameter code values, defining an artificial noise
signal, to a base station when the analog speech signals
are not present to permit the base station to generate
a return comfort noise signal; and

means for de-energizing at least some selected

components of the digital signal processor.

This is the replacemen
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nmeans for transmtting the determ ned or selected
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