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=> d his 
(FlLE 1 USPAT 1 ENTERED AT 16 :36: 13 ON 05 SEP 96) 

Ll 427975 S COMPRESS##### 
L2 9399 S VO;tCE(SA) SIGNAL# 
L3 382 S L1 (10A) L2 
L4 39488 S BANDWIDTH 
LS 6057 S SUB (jW) CHANNEL#### , 
L6 22 S L3 AND LS 
L7 1310443 S TIME 
LS 25713 S L1 (l0A) L7 
L9 5 S LS AND L6 
LlO 3882 S SUB (2W) CHANNEL##### OR SOB O Cl-UUmEL##### OR SUBCHANNEL## 
### 
L11 30 S L10 (P) L2 
L12 1314 S SINGLE SIDEBAND MODULATION OR SSB 
L13 14 S L10 (P) Ll2 
L14 1 S L2 AND L13 
LlS OS Lll AND L12 
L16 120674 S MODULAT##### 
L17 1706 S LlO (P} (SIGNAL# OR L2} 
L18 38 S Ll2 AND L17 
L19 37 S Ll6 AND Ll8 
L20 1869 S QUADRATURE (SA) AMPLITUDE# 
L21 8 S L19 AND L20 
=> s Waveform (Sa} Similarity (10a) Overlap(5a)Add 

71661 WAVEFORM 
13458 SIMILARITY 
92176 OVERLAP 

171987 ADD 
L22 0 WAVEFORM (SA) SIMILARITY .(l0A} OVERLAP (SA)ADD 

=> s WSOLA 
L23 0 WSOtA 
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File 

File 

File 

File 

?ds 

347:JAl?!O OCT 1976-1'.:196/Apr. 
(c) JPO & JAPIQ 

348:EtJR.OPEAN PATENTS 1978-1996/SEP Wl 
(c) 1996 European Patent Office 

350:Derwent World Pat. 1963-19B0/UD=9632 
(c) 1996 Derwent Info Ltd 

3 51: DERWEN'I' WPI 1981-1996/tJD;::,9 6 3 5; UA==9.631; UM= 9 62 3 
(c) 1996 Derwent Info Ltd 

set Items Description 
Sl 227391 VOICE OR'AUDIO OR ANALOG? 
S2 72779 Sl(2N)SIGNAL? 
S3 18932.Ql COMPRESS? OR REDUC? OR REON? 
S4 2608 SUBCHANNEL? OR SUBCIRCUIT? OR SUBFACILIT? OR SUBLINE? ORS-

UBPATH? OR SUBL.INK? OR SUB() {CRA.NN'E!L? OR CIRCUIT? OR FACILIT? 
OR 4INE? OR PATH? OR LINK?) 

S5 1563136 TIME 
S6 696 SINGLEC1W) (SIDEBAND? OR S!PE()BAND? ?} 

S9 

Sll 
S12 
'?t9/9/all 

4 

1 
0 

S1(4N)S3 AND S4 AND S5 

Sl(4N)S3 AND $4 AND S6 
S9 AND $10 

9/9/1 titem 1 from file: 347) 
DIALOG{R)File 347 :•JAPIO 
(C) JPO & JAPIO. All rts. reserv. 

04336768 
CHANNEL MANAGEMENT SYSTEM AND MULTIPLEXING DEV!CE IN ISDN SWITCHING· NETWORK 

PUB. NO.: 
PUBLISHED: 
INVENTOR(s): 

APPLICANT(s): 

APPL. NO.: 
FILED: 
INTL CLASS: 
JAPIO CLASS: 

JOURNAL: 

05-32.8468 , [JP 5328468 A] 
Deceml:>ett 10, 1993 (19931210) 
MITADERA IURONO 
IWAMOTO SHIGENAGA 
NEC CORP [000423) (A Japanese Company or Corporation)!, JP 
(Japan) 1 

NEC ENG LTD [329822] {A Japanese Company or Corporation}, JP 
(Japan} 
04-148028 [JP 92148028] 
May 15, .1992 (19920515) 

~. .. " 

(5] H04Q-Oll/04; H04J-003/16; H04L-012/52; H04M-003/0.0 
44.4 (COMMUNICATION -- Telephone); 44.2 {COMMUNICATIO;t,l 
Transmis$ion systems); 44.3. (COMMUNICATION -- Telegraphy) 
Section: E, Section No. 1524, Vol. 18, No. 155', Pg. Si2, March 
15, 1994 (19940315) 

ABSTRACT 
PURPOSE: To improve the use efficiency of an information channel by 
multiplexing a call of plural voice system by using the same infprmation 
channel, in the ISDN switching system. 

CONSTITUTION: A multiplexing device 100 which is connected to' an ISDN 
switching network 200 and contains analog voice terminals 30'.1-308 is 
provided with a signa1 conv.erting circuit 101 for converting an analog 
signal to a digital sound Signal and an I. 451 call control stgnal or 
converting the digital sound signal and the I. 45::t c;all sign.ail to the 

analog signal, a band compression circuit 102 for 1;1).lo;wing the 
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digital sound signal to be subjected to band co,.1pression to 1:GR'.bps, a 
multiplexing/decomposing circuit 103 for multiplexing the signal subjected 
to band compression t.o a time slot in an inf ormatio.n Channel o.r 
decomposing it from ih the time slot, a channel control part: 104 .for 
managing whether a sub channel corresponding to the tim~ slot 
is free or busy, and a concentrating/distributing circuit 105. 1 

9/9/2 titem 2 from £~le: 3{7) 
D!ALOG(R)File 347:JAPIO 
(C) JPO & JAPIO. All rt.s. reserv. 

02165917 
LOGIC CIRCUIT 

PUB. NO.: 
PUBLISHED: 
INVENTOR(s): 
APPLICANT (s) : 

62-082817 [JP 62082817 A] 
April 16, 1987 {19870416) 
TAKAHASHI HIDEO 
NEC CORP [000423] (A Japanese Company or Corporation)}, JP 
{Japan) 

APPL. NO.: 60-225261 [Jl? 85225261) 
FILED: October 08, 1985 (19851008) 
INTL CLASS: [4) H03I<>·019/00; H03K-019/094 
JAPIO CLASS: 42.4 (ELECTRONICS -- Basic Circuits) 
JAP:CO KEYWORD:R097 (ELECTRONIC MATERIALS -- Metal Oxide Semiqonductbrs, 

JOURNAL: 
MOS) , 
Section: E, section No. 540, VoL 11, No. 284, Pg. 14(5, 
September 12, .1987 (19870f).12) 

ABSTRACT 
PURPOSE: To reduce charging/discharging current and to reduce/ noise 
disturbance to an analog circuit by selec.ting a serial resistance value 
so that the states of (n) logical elements circuits to be subcircuits 
connected to a main circuit in parallel are successively chan~ed with 
delays. 

CONSTITUTION: When the change of an input signal from an inverter 2 is 
received by an inverter 6, a MOS transistor (TR) 9 is connected and 
electrostatic charge accumulated in a capacitor 7 starts to be discharged. 
On the other hand., the output signal .from the inverter 2 is supplied to an 
invertiar 4 through a. seria.l resistor 3 . The output of the :i.nver~er 4 is 
changed by a time delay determined by the reaistance value of the 
serial resistor 3 and the input capacity of .the inverter 4 to disch;~rge the 
charge accumulated in the capacitor 5. When respective load curren~ values 
of TRs 8, 9 are selected as a half of the capacity of an output buffer TR, 
the capacity of an input data becomes also a half, the ON resista:nce value 
of the inverters 4, 6 become about twice and the discha3;ge peak current 
values of the capacitors 5, 7 become about a half. If the disc~arge is 
slightly shifted by inserting the serial resistor 3, noise due to discharge 
can be reduced to about a half. 

9/9/3 (Item 3 from file: 347) 
DIALOG(R)File 347:JAI?lO 
(c) JPO & J'APIO.. All rt~. reserv. 

01147175 
MULTIPLEX MODE SWITCHING DEVICE 

PUB. NO.: 58-084575 [Jl? 58084575 A] 



IPR2020-00033 Page 00013

PUBLISHED: May 20, 1983 (19830520) 
INVEN'l'OR(s): AKATSUKA TERUMOTO 

KAWAMOTO NOBORU 
NAKAMURA JOJI 

APPLICANT(s): MATSUSHITA ELECTRIC IND co LTD [000582} (A Japanese Cpmpany 
or Corporation) , JP (Japan} 

APPL. NO.: 56-1828.21 [JP 81182821] 
FILED: November 13, 1981 (19811113) 
INTL CLASS: [3] .H04N-005/40; H04N ... ()05/60 
JAPIO CLASS: 44 .. 6 (COMMUNICATION -- Television} 
JAPIO KEYWORD:R101 (.APPLIED ELECTRONICS -- Video Tape Recorders, vn,.); Rl02 

(APPLIED ELECTRONICS - .... Video Disk Recorders., VDR) 
JOURNAL: Section: E, section No. 191, Vol. 07, No. rm, Pg. 14:1, 

August 06, 1983 (19830806) 

ABSTRACT . 
PURPOSE: To :reduce noise caused in an audio multiplex modulator of 
a television receiver,, in switclling an audio multiplex modulator 11:rom the 
multiplex mode to the monaural mode, by providing a signal switching device 
controlling the passing of a control channel signal with a multiplex mode 
switching control signal. 

CONSTITUTION: A signal $Witching device 20 :has an input terminal 21 to 
which a control $ignal from an input terminal 9 is inputted and its: control 
signal control the J_:>assing of a control channel signal 1. Nois.e cau~ed when 
the mode is switched .from the multiplex mode to t.he monaural model, can .be 
prevente.d by setting the delay time of a delay circuit! 22 to a 
prescribed value or over. Inversely, in $W:i,tchin.g the mode !from the 
monaural to t.11.e mult.i.plex mode, since. the output of multiplex sigpal of a 
multiplex modulator is definitely determined with the switching of the 
device 20, a sub channel signal .2 and a control channel :3ignal 1 
are outputted from the multiplex modulator at the same time I, it is 
quite out of question for the discrimination of the multiplex mode in, 
e.g., a television receiver. 

~/9/4 (Item 1 from file; 351) 
DI.Al.CG (R) File 351 :DERWENT WPI 
(c)1996' Derwent Info Ltd. All rts. reserv. 

009620124 WP! Ace No: 93-313673/40 
XRPX Ace No: N93-241.552 

Time -division multiple access digital radio communication - , 
splitt.ing physical transmission. channel into seve.ral logic chan.nels 
dedicated to different communications ; 

Index Terms: TIME D!VIDE MOLTil?LE AC<:lESS DIGITAL RADIO COMMUNICATE 
SPLIT PHYSICAL TRANSMISSION CHANNEL LOGIC CHANNEL DEDICATE COMMUNICATE 

Patent Assignee: (MA't'R-) MATRA COMMUNICATION 
Author {Inventor}: OELPRAT M; DORNSTETTER J; MEGE p 
Number of Patents: 005 
Number of Countries: 020 
Patent Family: 
Patent No Kind 
EP 564339 Al 
FR 2689346 Al 
CA 2092893 A 
FI 9301441 A 
US 5398247 A 

Date 
931006 
931001 
931001 
931001 
9503J.4 

Week Applic Nb 
9340 EP 93400793 
9348 FR 923883 
9351 CA 2092.893 
9351 FI 931441 
9516 us 39729 

Date 
930326 
920331 
930329 
930330 
93033.0 

Priority Data (CC No Date) : FR 923883 (.920331) 

LA 
Eng 

Pages IPC 
16 H04J-003/16 

H04J-003/0o 
H04J-003/04 
H04J-000/00 

14 H04B-007/212 

(B) 
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Appl;i.cations (CC,No,Date}: us 39729 (930330); EP 934CJv793 (930326):i CA 
2092893 (930329); F;I 931441 (930330) 

Language.: English , 
EP and/or WO Cited Patents: 02Jnl.Ref; DE .2262933; EP 210698; GB 83424'7 
Des .. ignated States 

(Regional): AT; BE; CH; DE; DK; ES; G.B; GR; IE; .IT.; LI; LU; MC; NL;; PT; SE 
Abstract (Bas.ic}: EP 564339 A 

The communication methoq involves distributing a physical 
trans.mission channel. in.to several logic channels.. These consi.str o.f 

time slots with the same duration and rank in successive frames of 
constant length. One logic channel is divided into several sub 

channels -· --:-.·-
Specific groups of k successive time slots are assign~d to 

each sub channel . The groups are regularly distributed .j N is 
not equal to (mk+l.) where m is an integer and N is the nut\lber olf 

time slots necessaryb to construct an information block .• 
ADVANTAGE - Decreases transmission delay .. Reduced detrimental 

effect of localised perturbations. 
Dwg.6/18 

Abstract (US) :. 9516 us 5398247 A 
The method involves success.ively transmitting TOM frames Of 

constant length, each comprising a succession of p time slots of 
constant duration, so as to distribute a physical transmission bhannel 
into p logic channels .. Each of the latter comprise time . slots 
having a same rank in the TDMA frames. At least one of the logip 
channels is divided into n sub channels dedicated to different 
communicaticms, by assign:ing respective groups of k consecutive 

time slots pertaining to the logic channel to a respective one of 
then sub channels 

The groups of k consecutive tirne slots assigned to ea,ch of 
then sub channels are regularly time -distributed, 
formatting the information to be transmitted on a sub cha.m:i.el 
as a .sequence of information blocks each extending over •N l:>u:rst:S. 

USE/ADVANTAGE - In data or voice communication. Reduced 
transmissioI'l delays introduced by communication transmitted on ;logic 

sub. channels. having reduced rate without increasing 
transmission delay for other sub channels 

Dwg .. 1/18 
File Segment: EPl 
Derwent Class: W0l; W02; 
Int Pat Class: H04B-007/212; H04.B.-007/26; H04J-003/04; H04J-003/06;.' 

H04J-003/16; H04L-005/22;. H04Q-007/04 
Manual Codes (EPI/S-X); W01-BOSA1A; W0.2-C03C1A; W02-C03C3E; W02-K02! 
?tl1/9/1 I 

11/9/1 (Item 1 from file: 351) 
DIALOG{R)File.351:DERWENT WPI 
{c)19.96 Derwent Info Ltd. All rts. reserv. 

004283332 WPI Ace No: 85-110210/18 
XRPX Ace No: NBS-082708 

Electronic security and surveillance system has sub 
modulator using key frequency unique to each unit for 

compressed video, information and alarm code 
Index Terms: ELECTRONIC SECURE SURVEILLANCE SYSTEM; SUB 

MODULATE KEY FREQUENCY tJN!QUE UNIT AUDIO COMPRESS 
INFORMATION ALARM CODE 

Patent Assignee: (MICR-} MICRON INT LTD 
Author ( Inventd.r) : RODRIQUEZ M J 
Number of Patents: 001 

Channel 
audio · and 

CHANN:EL 
VXDEO! 
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Patent Fa.mi.ly: 
cc Number Kind Date week 
us 4511886 A • 850416 8518 (Basic) 

Priority Data (CC No Date)= us 538848 {831006); us 499946 (830601) , 
Abstract (Basic): us 4511886 

Each remote installation .includes surveillance equipment,; 
including video, audio, and alarm signals, associated w:i.th mon.iltored 
locations. The security information co11ected by the surveillan~e 
equipment is serially sampled by a switcher which provides that; 
information to an interface unit transmitter. The interface unit 
transmitter compresses the video information and decodes the alarm 
information and using a key frequency and single side band 
m9dulation techniques modulates and sub channel.ises the 
processed security info::an~tion into a frequency spectrum. 

The sub channelised security information is translated in 
frequency and transmitted on the transmission medium. The inforh\ation 
received at tl:1.e central station is demodulated, and t.he alarm : 
information monitored by a command computer.. The system provides an. 
upstream command channel so that the central station c:an commtt;nicate 
with each remote installation. 1 

ADVANTAGE - T.ransmission bandwidth is conserved. @(1'ipp Dw~.No.1/7 
File Segment: EPI 
Derwent Class: W02; WOS;, R31i R57; 
Int J?•.at Class: GOSB-001/08; H04N-007/18 
Manual Codes (EJ?l/S-X:}: W02~F01; W05-BOS 
? 
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Set Items Oescription 
S1 227391 VOICE oi AUDIO OR ANALOG? 
$2 72779 S1(2N)SIGNAL? 
$3 1893201 COMPRESS? OR REDUC? OR REDN? 
84 2608 SUBCHANNEL? OR SUBCIRCUIT? OR SUBFACILIT? OR SUBLIN8? ORS-

813 
S14 

S16 
? 
t16/9/all 

1 
1 

2 

UBPATH? OR SUBLINK? OR SUB() (CHANNEL? OR CIRCUIT? OR FMILIT? 
OR LINE? OR PATH? OR LINK?) ; 

(BANDWID? OR BAND {lN) WIOTH?) (4N)S3 AND 84 
(VOCOD? OR COMPANDOR?) AND S4 

Sl3 OR S14 

16/9/1 (Item 1 from file: 347} 
DIALOG(R)File 347:JAPIO 
(c) JPO & JAPIO. AU rts. reserv. 

02707638 
2ND SOUND MOLT!PLEX BROADCAST EQUIPMENT FOR FM BROADCAST 

PUB. NO.: 
PUBLISHED: 
INVENTOR { s} : 

APPLICANT (s) : 

APPL. NO.: 
FILED: 
INTL CLASS: 
JAPIO CLASS: 
JOURNAL; 

01-005238 [JP 1005238 A] 
January 10, 1989 (19890110) 
ITO AKIRA 
MATSutrRA TAI<ASHI 
NEC CORP [000423] (A Japanese Company or Corporij.tionr, JP 
(Japan) 
62 ... 162108 [JP 8716210.SJ 
June 29, 1.987 (19870629) 
[4] H04J-001/00 
44. 2 {COMMUNICATION -- Trans.mission Systems) 
Section: E., Section No. 749, Vol. 1.3, No. 176, Pg. 551, April 
25. 1989 {19890425) 

ABSTRACT 
l?UR.POSE: To send voice and information with a large capacity by using a 
binary or a quaternary PSK so as to modulate a 2nd subcarrier whose upper 
limit is set to nearly middle of. the occupied band width of FM wav.e as . the 
coded voice signal a.nd superimposing the result. 

CONSTITUTION! A PSK modulator 3 mult.iplie.s a 19kHz of a pilot signa;J. from a 
stereo modulator 4 by four to generate the 2nd subcarrier of a freg'.uency of 
76kHz and the result is subject to PSl< modulation by a 2nd voide signal 
coded by a VOCODER 2. The output of the stereo modulator 4\ and the 
output of the PSK modulator 3 are synthes'i-zed by a signal synthesis; section 
7. The frequency of the 2nd subcarrier is formed such that its lower limit 
is selected by the upper limit frequency of the stereo subchannbl and 
its upper limit is limited by the .specification of the occupied band width 
and its frequency is nearly a middle .frequency of the frequency band and 
the PSK modulation of the 2nd subcarrier by the 2nd voice is applied by 
utilizing the frequency band sufficiently. Thus, the transmission 
information quantity is increased than a. conventional system. 

16/9/2 (Item 1 from file: 351) 
DIALOG(R)File 351:DERWENT WPI 
(c) 19 9 6 Derwent Info Ltd'. All rt s .. reserv. 

008525438 WP! Ace No: 91-029522/04 
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RPX Ace No: N91-022730 *Image available* 
liigil definition television receiver with picture-in-picture display -
recefves signals subjected to bandwidth compression· . by ' 
sub-nyguist sampling, y,hich are reduced by time bas.e compression· 

ndex Terms: HIGH DEFINE TELEVISION PICTURE l?ICTURE DISPLAY RECEIVE:; 
RECEIVE SIGNAL SUBJECT BANDWIDTH COMPIU!:SS SUB NYQUIST SAMPLE 

REDUCE TIME BASE COMPRESS . 
•a tent Assignee: (MATU ) MATSUSHITA ELEC IND KI< 
.. uthor (Inventor): ISOBE M; HAMADA 
rum.ber of Patents: 001 
>atent Family; 

CC Number Kind Date Week 
us 4982288 A 910101 9104 (Basic) 

1riority Data (CC No Date) , us 310925 (890216) 
~Hing Details: US4982.288 (1810RMC} 
\hst:ract (Basic) :. US 498.2288 

The appts. is of the type in which when pe.rforming a picture in 
p.:i.cture operation by receiving pictu.re signals cotnPressed i;n 

bandwidth by multiple sub-Nyquist sampHng, a . sub chaonel 
signal is suhj ected to a spatial interpolating proce.ss and combined 
with amain-channel signal. The still picture portion and moving 
pictµre portion of one input signal a.re. restored to a field offset 
sub-sampled first picture signal. 

A second input signal is r:estored to a field offset sl.l.b-sampled 
picture signal, subjected to a size-reducing process by time ba;se 
cc:,mpression in the vertical and horizontal directions of the picture 
and delivered as a second picture signal. This signal of the form 
synchronised in phase with a given position of the first pict.ur~ 
signal. Both picture signals are time-division multiplexed to deliver a 
third picture signal onto a. picture screen. 

ADVANTAGE - overall simplified construction of receiver. @(7pp 
Dwg .. N'o .• 1/3 

File Segment: EPI 
Derwent Class: W03; R57; 
Int Pat Class: l-i04N-005/27 
Manual Codes (E.PI/S-X): W03-A11; W03-A13 
? 
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Set 
S1 
S2 
S3 

S5 
S6 

S17 
S18 
S19 
S20 
? 

Items 
227391 

72779 
18.93201 

1563136 
696 

10574 
19 

1 
1 

Descri.ption 
VOICE OR. AUDIO OR ANALOG? 
Sl (2N) SIGNAL? 
COMPRESS? OR REDUC? OR REDN? 

TIME 
SINGLE ( lW) (SIDEBAND? dR SIDE () BAND? ? ) 

BASESTATION? OR LANDSTATION? OR (BASE OR LAND} ()STATION? 
S17 AND Sl{4N)S3 AND 85 
817 AND S1(4N)S3 AND S6 
818 AND S19 

t.20/9/1 

20/9/1 (Item 1 from file:• 351) 
DIALOG(R.}File 351:DERWENT WPI 
{c:}1996 Derwent Info Ltd. All rts. reserv. 

003843945 W'.PI Ace No: 83-84.0l9$/S0 
Related WPI Accesaion(s): 88--021377 
XRPX Ace No: N83-221411 

Two-way SS.B .land mobile RF communication system has pilot tone signal 
transmitted with audio signal to receiver, having PLL to acguirie; PHASE 
LOCK LOOP SINGLE SIDE BAND RADIO FREQUENCY 

Index Terms: TWO WAY SSB LAND MOBILE RF COMMUNICATE SYSTEM PILOT TONE 
SIGNAL TRANSMIT AUDIO SIQNAl, RSCEIVE PLL ACQUIRE 

Patent Assignee: (SIDE-) SIDEBAND TECH INC; (AERO-) AEROTRON INC; {GESJ 
GENERAL SIGNAL CORP i 

Author (Inventor): JACOBS p H; COLLETTE D p 
Number of Patents: OJ.3 
Patent :Family: 

CC Number Kind Date Week 
EP 95685 A 831207 8350 {Basic) 
GB 2121251 A 831214 8350 
JP 59036433 A 840228 8414 
US 4539707 A 850903 8538 
CA 1194130 A 850924 8543 
US 4573208 A , 860225 8611 
GB 2167273 A 860521 8621 
GB 2167273 B 870107 8701 
GB 2121251 B 870114 8702 
IL 68809 A 871231 8809 
IL 83964 A 880630 8835 
EP 95685 B 890809 8932 
DE 3380389 G 890914 8938v· 

Priority Data (CC No DateJ: US 384148 (820601); US 558046 (840126); us 
807641 (851211) 

Applications (CC,No,Date): JP 8395883 {830601); GB 8531266 {851220) GB 
8314950 (830531}; EP 83105045 (830520) 

Language: English 
EP and/or WO Cited Patents: No.SR.Pub.; .A3 ... 862.7; FR 2159187; US 32172.55; 

FR 1226996; EP 44374; DE 2937986; US 3108158; JP 53054404; US 4;300237; 
1.JnLREF 

Designated states 
(Regional):. CH; DE; IT; LI; NL 

Filing Details: 0$4573208 Div.ex 4539707 (904MN); GB2167273 Derive~ from 
-31. 05. 8.3 014950 

Abstract (Baste): The system has a push-to-talk transmitter whic.h 
broadcasts a compre.ssed si,gnal fo:r: a receiver. The compressed slgnal 
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includes an unmodulated f.requenc:y modulated pilot tone during an 
initial predetermined time interval. After this interval, the 
compressed signal irtcludes a composite signal having an attenuated 
frequency modulated"pilot tone and an audio signal. The transmik:ter 
gain is adjusted to produi:e full rated power during the predete!rmined 
interval and is unadjusted afte.r that. i 

The receiver has a detector for the conrpressed composite s~gnal, 
from which the pilot tone signal is separated by a filter. A pht3-se lock 
loop responds to a lbcal1y generated freqµency modulated tone ap.d the 
pilot tone filt.er to vary the filter characteristics of the PLL. in 
order to adjust the frequency of. the detected compressed compos·ite 
signal. The PLL also varies the filter characteristics of the p;ilot 
tone filter to adjust the receiver gain. ':Rhe audio signal is filtered 
from the compressed composite signal which is expanded and amplified., 
in response to the pilot tone filter, without doing the same to; the 
pilot tone. (Slpp Dwg .• No .• 0/10 

Abstract (US) : 8611 US 4.573208 
A pilot tone is transmi-ted at.· full rated power to aid. in , 

acquisition of a signal by the receiver. The transmitter ALC ils then 
disabled and the pilot tone attenuated. The receiver adjusts the 
frequency characteristics of the pilot tone and phase lock loopi filte.rs 
in the detector as a fun ct ion of lock on. · 

The delay after loss of lock-on in revert.ing to wide band pilot 
tone and wideband loop filters is varied as a function of signal 
strength. The pilot tone may be modulated for tone coded squelch. The 
modulating source is located in the return end of the PLL filte;r. 
Automatic gain control of audio signal is responsive to tone signal 
without affecting composite audio and tone signal. ADVANTAG.E -·· The 
latter is formed frotn an underdam.ped, band-pass filter with a peak at 
the high end of the pasE.;1-band.@(13pp)@ 8538 US 4S3,707 ; 

The audio s.i.gnal ii; compressed prior to .pre~emphases and 
then summed with a pilot tol)e for :t;'urther compression prior to, 
transmission. Initially, only the p:Uot tone is transmitted at '.full 
rated power to aid in acquisition of the signal by the receiver: .. The 
transmitter ALC is then disabled and the pilot tone is attenuated. The 
:receiver adjusts the frequency characteristics of the pilot ton~ filter 
and phase lock loop filter in the detector as a function of lock-on. 

The delay after loss of lock-on in reverting to wide band; pilot 
tone and wideband loop filters is varied as a function of signa'l 
strength. The pilot tone may be modulated for tone coded squelch. The 
modul?tting source is .located in the return end of the phase lock loop 
filter. A unique filter is provided to insure acquisition of th~ pilot 
tone. Automatic gain control of the audio signal is·responsive ;to the 
tone signal without effecting the compositite audio and tone signal. 
@(14pp 

Abstract (GB): 8702 GB 2121251 
A method of enhancing reception of a. composite radio frequ~ncy 

signal including audio freqµency components and a pilot tone component 
by a receiver having a radio frequency oscillator, a phase lock loop, 
and radio freqµency and intermediate frequency amplifiers in wh;i.ch (a) 
the pilot tone component is detected by a pilot tone filter and 
rectifier means and the amplitude of the detected pilot tone co~ponent 
is used to control the gain of the radio frequency and intermediate 
freqµency amplifiers within the· receiver, (b) and audio frequency 
components are de-emphasised for application to a speaker, and (c) the 
phase lock loop receives both the detected pilot ton.e component] and a 
locally generated pilot tone and adjusts the radio frequency oscillator 
for freqµency errors in the :received. carrier frequency, wherein. the 
frequency response characteristics of the pilot tone filter are. 
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selectively varied as a function of phase lock loop lock;;.on. 8701 GB 
2167273 , 

A method. of transmitting front a radiotransmitter a modulation 
signal, wherein the modulation signal is a composite audio signal 
including audio signal components and a pilot tone, component above the 
aduio signal passband but within the bandpass of the transmitter, and 
wherein th.e modulation signal ton.ta.ins solely the pilot tone component 
for a predetermined :initial time interval. following the initiation 
of a transmission to aid in the acquisition of the trar.1smitted signal 
by a receiver. 

Abstract (BP): 8932 EP 95685 
RF communications method in which a particular combination of a 

p,ilot and. an audio signal is t1;ansmitted at the transmitter and, in the 
receiver the particular combination of audio and pilot is detec,ted, 
whereby the pilot is used to synchronize a local oscillator of 'the 
receiver and also to control reception of the accompanying audio 
comprising broadcasting a compre.ssed sig.nal from a base 

station l:>y a push-to-talk single sideband , radio 
communication transmitter, said compressed signal i:;ornprising on:1Y a 
frequency modulated pilot tone during an in.i tial predetermined · time 
interval and thereafter a composite signal including a frequency 
modulated pilot tone and an audio signal, characterised in that the 
output power of s.aid transmitter is adjusted to full rated tran,smitter 
power during said ini ti.al predetermined time .. interval with the 
pilot tone being unattenuat.ed and in that the gain of said tran$mitter 
is maintained constant thereafter with the pilot tone being attenuated. 
@(19pp)@ 

File Segment: EPI 
Derwent Class: W02; R56; R54; R58; R55 
Int J;lat Class: H03G-Od3/S)O; H04B-001/68; H04B-007/26; H04Q~007/02; 

HOJL-007/06 
Manual Codes (EPI/S-X): W02-C03X; W02-G02; W02-Q04 
? 
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3et 
31 
32 
33 

35 
36 

321 
322 
323 
324 
? 

Items 
227391 

72779 
1893201 

1563.136 
696 

1085 
356 

8 
3 

Description 
VOICE OR AUDIO OR ANALOG? 
S1{2N)SIGNAL? 
COMPRESS? OR REDUC? QR REDN? 

TIME 
SINGLE (lW) (SIDEBAND? OR SIDE () BAND? ? ) 

S1(4N)S3 .AND RECEIV? 
S21 AND SS 
S21 AND S6 
S22 AND $23 

t.24/9/all 

24/9/1 (Item 1 from file: 350) 
DIALOG(R)F:i.le 350:Derwent World Pat. 
{c} 1996 Derwent Info Ltd. All rts. reserv. 

002391180 WPI Ace No: sb-I<?EiSOC/45 
Transceiver AM radio telephony - has mean amplitude of voice input 
coded digitally into transmitted. signala 

Index Terms.: TRANSCEIVER AM RADIO TELEPHONE MEAN AMPLITUDE VOICE IN.PUT CODE 
P!GITAL TRANSMIT SIGNAL 

Patent Assi.gnee.: (CSFC ) THOMSON-CS:F 
Author {Inventor): DEMAN P; PlMENTEL A; BENS.A.DOU JC; DERIVElER,E C 
Number of Patents: ooa 
Patent Family: 

CC Number 
EP 18256 
BR 8002229 
FR 2454231 
us 4326293 
IL 59800 
CA 1149463 
El? 18256 
DE 3069399 

Priority Data (CC 
Language: French 

Kind Date Week 
A 801029 8 045 (Basic) 
A 801202 8051 
A 801212 8106 
A 820420 8218 
A 820730 8234 
A 830705 8330 
B 841010 8441 
G 841115 8447 

No Date}: FR 799491 (790413} 

EP and/or WO Cited .Patents: us 3882458; CH 461585; DE 2128889; FR 2258840; 
FR. 2260334; 1 .. Jnl .REF 

Designated states 
(Regional): DE; GB; IT; NI,; SE 

Abstract {Basic): The transceiver for A.M. Single sideband 
suppressed carrier radio transmission has automatic voice switching 
between Transmit and Receive modes. Each time a period: of 
speech activity is detected in the transmitter, a short cilelay i:s 
imposed on the speeclt signal while its mean amplitude is measured. 
This measurement is carried out digitally, the analogue·speech 1signal 
being converted in an A/D converter,.'. stored in a memory and ana;lysed in 
a digital procesaor. ·. , 

The mean speech amplitude is cop.ed digitally, and this code is 
added as a preamble to the analoguE!,,f ignal. The combined. digital and 

analogue signals are amplitude ·:.j_ compressed before the carrier is 
modulated and R .. F. amplified. In tae receiver , the digital code is 
decoded and used. to control the setting of an attenuator, so restoring 
the amlitude of the analogue signal in the receiver to a level 
corresponding to that of the input to the transmitter. 

File Segment: EPI 
Derwent Class: W02; R56; 
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Int Pat Class: H04B-001/.'.'.46 
Manual Codes {EPI/S-X} : .W02-G02 

24/9/2 {Item 1 from file; 351) 
DIALOG(R) File. 351 :DERWENT WPI 
(cll996 Derwent Info Ltd. All rts ... reserv. 

003843945 WPI Ace No: 83-840;).95/SO 
Related WPI Access.ion{sl: 88~02.1377 
XRPX Ace No: N83-22141l 

Two-way SSB land mobile.RF communication system has pilot tone signal 
transmitted with audio signal to receiver ., having PLL to acquire; 
PHASE LOCK LOOP SINGLE SIDE BAND RADIO FREQUENCY 

Index Terms: TWO WAY SSB LAND MOBILE RF COMMUNICATE SYSTEM PILOT TONE 
SIGNAL TRANSMIT AUDIO SIGNAL RECEIVE PLL ACQUIRE 

Patent Assignee: (S!DE-} SIDEBAND TECH INC; (AERO-) AEROTRON INC; {GESJ 
GENERAL SIGNAL CORP 

Author (Inventor): JACOBS p H; COLLETTE D p 
Number of Patents: 013 
Pa.tent Family: 

cc Number Kind Date Week 
EP 95685 A 831207 8350 
GB 2121251 A 831214 8350 
JP 59036433 A 84.0228 8414 
US 4539707 A 850903 8538 
CA 11941.30 A 850924 8.543 
US 4573208 A 860225 8611 
GB 2167273 A 86'0521 8621 
GB 2167273 B 870107 8701 
GB 2121251 B 870114 8702 
IL 68809 A 871231 8809 
IL 83964 A 880630 8835 
EP 95685 B 890809 8932 
DE 3380389 G ' 890914 8938 

(Basic) 

Priority Data {CC No 
807641 (851211} 

Date) : us 384148 (820601} ; us 558046 (840126); us 
~pplications (CC,No,Date): JP 83.95883 (830601); GB 853J.266 (8 .. 5J.220) GB 

8314950 (830531); EP 83105045 {830520) / 
Language: English 
EP and/or WO Cited Patents: No.S!LPub; A3 ... 8627; FR 2159187; us 3217255; 

FR 1226996; EP 44.374; DE 2937986; US :3108158; JP 53054404; US 4300?37; 
1,Jnl.REF 

Designated Sta.tea 
(Regional) : CH; DE; IT.; LI i NL • 

Filing Details: US.4573208 Div.ex 4539707 (904MN); GB2167273 Derived from 
31. 05. 83 014950 

Abstract (Basic): The system has a push~to-talk transmitter which 
broadcasts a compressed signal for a receiver . 'I'be compressed 
signal includes an unmodulated frequency modulated pilot tone ouring an 
initial predetermined time interval. After this interval, the 
compressed signal includes a composite signal having an attenuated 
frequency modulated pilot tone and an audio signal. The transmitter 
gain is adjusted to produce full rated power during the predetermined 
irtterval and is unadjusted after that. , 

The receiver has a detector for the compressed composi~e 
signal, from which the pilot tone signal is separated by a filter. A 
phase lock loop responds to a locally generated frequency mo<:lula.t:e<:l 
tone and the pilot tone filter to vary the filter chara<::teristics of 
the J?LL in order to adjust the frequency of the detected compreis.sed 
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\ 

composite signal. Th~ PLL also varies the filter characteristics of the 
pilot tone filter to"adjust the . receiver .. gain. The audio signal is 
filtered from the compressed composite .signal which is expanded and 
amplified, in response to the pilot tone filter, without doing ~he same 
to tbe pilot tone. '{5).pp Dwg. No. o /1 O) r 

Abstract (US): 8611 us 4573208 
A pilot tone is transmi-ted at full rated power to aid in 

acquisition of a signal by the receiver The transmitter Ate is 
then disabled and the pilot tone attenuated. The receiver :adjusts 
the frequency characteristics of the pilot tone and phase lock loop 
filters in the detector as a. function of lock on. 

The delay after loss of lock-on in reverting to wide bafd pi.lot 
tone and wideband loop filters is varied as a function of signal 
strength. The pilot tone may be modulated for tone coded squelch. The 
modulating source is located in the return end of the PLL filte-r. 
Automatic gain control o.f audio signal is responsive to tone signa.l 
without affecting composite audio and tone signal. ADVANTAGE - The 
latter is formed from an unde:tdamp~d, band-,pass filter with a peak at 
the bigh end of the pass-band.@(13pp}@ 8.538 US 4539707 

The audio signal is compressed prior t:o pre-emphases and 
then summed witb a pilot tone for further compression prior to 
transmission. Initially, only the pi.lot tone is transmitted at full 
rated power to aid in acquisition of the signal by the receiver . 
The transmitter ALC is then disabled and the pil.ot tone is attenuated. 
The receiver adjusts the frequency characteristics of the pilot 
tone filter and phase 1oc}c loop filter in the detector as a function of 
lock-on. , 

the delay after loss of lock-on in reverting to wide band p;i..lot 
tone and wideband loop filters is varied as a function of signal 
strength. The pilot tone may be modµlated for tone coded squelch. The 
modulating source is locat.ed in the return end of the phase lock loop 
filter. A unique filter is provided to insure acquisition of the pilot 
tone. Automatic gain control of the audio signal is responsive to the 
tone signal without effecting the compositite audio and tone signal. 
©(14:pp 

Abstract (GB): 8702 GB 21.21251 
A method of enhancing reception of a composite radio frequency 

signal inclµding audio frequency components and a pilot tone component 
by a rece.iver having a r<1dio f:requency oscillator, a phase .lock 
loop, and radio frequency artd inte.ttnediate frequency amplifiers'' in 
which (a) the pilot tone component is det;.ected by a pilot tone rilter 
and rectifier means and the amplitude of the detected pilot tone 
component is used to control the gain of the radio frequency and 
intermediate .frequency amplifiers. within the receiver , (b) l:lnd 
audio frequency components are de-emphasised for applic~tion to_ a 
speaker, and (c) the phase lock loop receives both the detected 
pilot tone component and a locally generated pilot tone and adjusts the 
radio frequency oscillator for frequency errors in the receiv1:=d 
carrier frequency, wherein the frequency response characteristics of 
the pilot tone filter are selectively varied as a function of phase 
lock loop lock-on. 8701 GB 2167273 

A method of transmitting from a radiotransmitter a modulat'ion 
signal, wherein the modulation signa1 is a composite audio si,gnal 
including audio signal components and a pilot tone component;; above the 
aduio signal passband but within the bandpass of the tran.smitter, and 
wherein the modulation signal contains solely the pilot tone component 
for a predete:rmined initial time interval following the ini.tiation 
of a transmission to aid in the acquisition of the transmitted 'signal 
by a receiver 

Abstract (EP) : 8932 EP 95685 
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RF commtin:i.Ca.tions method in which a particular combination of a 
pilot and an audio signal i.s transmitted at the transmitter and in the 

receiver the particular combination of audio and pilot is detected, 
whereby the pilot is used to synchronize a local oscillator of the 

receiver and also to control reception of the accompanying 
audio comprising broadcasting a compressed signal f.rom a. base 

station by a push-to-talk single sideband , radio communication 
transmitter, said compressed• .signal comprising only a frequency 
modulated pilot tone during an initial predetermined time interval 
and thereafter.a composite. signal inc.luding a frequency modulat~d pilot 
tone and an audio signal, characterised in that the output power of 
said transmitter is adjusted to full rated transmitter power duting 
said. initial predetermined time interval with the pilot tone being 
unattenuated and in tbat the gain of said transmitter is maintained 
constant thereafter with the pilot tone being atteIJ.llated. @(19pp)@ 

File Segment: EPI 
Derwent Class: W0.2; R56; R54; R58; RSS 
Int Pat Clas.s: H03G-003/00; H04.B-001/68; H04B-007/26; H0.4.Q-007/02; 

H03L-On7/06 . 
Manual Codes (EPI/S-X): W02-C03X; W02-G02; W02-G04 

24/9/3 (Item 2 from file: 351) 
DIALOG(R)File 351:DERWENT WPI 
(c)199~ Derwent Info. Ltd. All rts. re.serv. 

oo:3811851 WPI Ace No: 83-808095/44 
XRPX .Ace No: N83-197590 

Single sideband analog transmission system has input audio 
signals time compressed before modulation and and received 
signals time '"'expanded after demodulation; SSB 

Index Terms: SINGLE SIDEBAND ANALOGUE TRANSMISSION SYSTEM INPUT, 
AUDIO SIGNAL TIME COMPRESS MODULATE SIGNAL TIME EXPAND 

AFTER DEMODULATE RECEIVE 
Patent Assignee: (GRIN-) GRINAKER ELTRN BOLD 
Author (Inventor): COCCIUTI As G; VANLOCHEM G w 
Number o.f Patents: 002 
Patent Family: 

cc Number Kind Date Week 
ZA 8206846 A 830620 834.4 (Basic) 
Z·A 8206846 A 830620 8337 

Priority Data (CC No Date): ZA 816500 (8109.18); ZA 826846 (820917) 
Abstract (Basic}: The system includes a signal processor having two 

parallel charge-coupled devices (50,52} connected in parallel to an 
output OR gate (54). TM input signais. are clocked in at. relatively low 
frequency and clocked out at relatively high frequency. When on'e of the 
devices is full the input signals are fed to the other. The output rate 
is higher to provide time compressed signals for modulation; and 
transmission. For processing . received signals the charge-coupled 
devices (56,58) are arranged for clocking in signals at relatively high 
frequency and for clocking them out at audio frequency. 

In another form of the processor, the analog input signals: for 
transmission and analog signals re.ceived are digit.ised prio:X, to 
processing and are then converted back to analog signals again., The 
system is less susceptible to frequency drift and i.nterf erence between 
the variou.s channels is eliminated because each transmission occur.s 
discretely in time for each channel. (Provisional Ba.sic advlsed 
w~ek 83/37) (lOpp Dwg.No.2/3) 

Fi.le Segment: El?! 
Derwent Class: W02; W04; R56; 
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Int Fat Cla.ss: H04:B-OOO/OO 
Manual Codes {ElPI/S-X): W02-G02; W02--G04; W04-G 
? 
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227391 
72779 

1893201 

Oescript.ion 
VOICE OR .AUDIO OR ANALOG? 
S1 (2N) SJ;GNAL? 
COMPRESS? OR REDUC? OR REDN? 

SINGLE (lW) (SIDEBAND? OR S!DE ()BAND? ?) 
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S6 

S21 

S23 
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S26 
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? 
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27 /9/1 (Item 1 from file: 34.8) 
DIALOG(R)File 348:EUR0PEAN PATENTS 
(c) 1996 European Patent Office. All rts. reserv. 

00394397 
system and method of frequency calibration 

contPression-expansion (:tinc::ompex:) sy$tem. 
PATENT ASSIGNEE: 

in a 

AMAF INDUSTRIES, !NC., (1098021), 9052 Old Annapolis Road, Columbia 
Maryland 21045, {US}, (applicant designated states; 
ATiBE;CH;.DE;DK;FR;GB;.IT;L:C;LU;NL;SE) 

AUTHOR (Inventor): 

linked 

Leveque, Jame$ Howard, 10094 Colonial Drive, Ellicott City, Maryland 
21043, (US) 

LEGAL REPRESENTATIVE: 
Vossius & Partner (100311), Siebertstrasse 4 P.O. Box 86 07 67 1 D-8000 

Munchen 86, (DE} 
PATENT (CC, No, Kipd, Date): EP 401850 A2 901212 (Basic) 

EP 401.850 A3 920603 
APPLICATION (CC, No, Date): EP 901.10878 900608; 
PRIORITY DATA (CC,. No, Date) : US 363863 890609 
LANGUAGE (Publication,Proc:edural,Application): English; English; English 
DESIGNATED STATES: AT; EE; CH; DE; DK; FR; GB; IT; LI; LU; NL; SE 
INTL PAT CLASS: H04B-001/64; 
CITED PATENTS (EPA): US 4271499 A; US 4457020 A; BP 274958 A 
WORD COUNT: 156 

ABSTRACT: EP 401850 A2 
A linked compressor-expander {Lincom.pex) circuit for use in 
telecommunicaticms utilizes a frequency compensation circuib (56) to 
fZ"equency shift the total bandwidth of the whole communication channel to 
eliminate . single side band "duck-talk" and data distortion in 
the transmitting of a complex waveform due to frequency drift or the 
detuning of the transmitter/ receiver system. The demodulator 
includes an expander (42) for.expanding the compressed voice or 
data signal and a control tone conversion circuit (27) for convertiµg the 

received control torte into a frequem;:y signal to be used by the: 
expander (42). The control tone conver~ion circuit (27} also determines the 
frequency error of a combination information waveform so that the f'.requency 
compem;iation circuit (56} can carry out the proper frequ.ency shifting 
process. A :f:a<:ling regulator (58) is also provided to remove any aud:ible 
level variations not removed by the automatic gain control circuitry in the 

receiver {38). (see image in original document) 
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LEGAL STATUS (Type, Pub Date, Kind, Text): 
Application: 901212 A2 Published application (AlwithSR;A2.WithoiltSR) 
Search Report: 920603 A3 Separate publ.ication of the European or 

International search report 
Examination: 930707 A2 Date of filing of request for examinatibn: 

93050.5 
Examination. 941214 A2 Date of despatch of first examination .. r,eport: 

941026 , 
*Assignee: 950719 A2 Applicant (transfer of rights) {change): LINK 

PLUS CORPORATION (1098022) 32 Loockerman 
Sgµare, Suite L-100 City of Dmrer, Coµ:r;i.ty of 
Kent (US} (applicant designated states: 
AT ;BE; CH;DE;DK; FR;Gl3; IT;LI ;LU;NL;SE) . 

*Assignee: 950719 A2 Previous applicant in case of transfer pf 
rights (change) : AM.AF INDUSTRIES, INC'. 
(10980.2T) 9052 Old Annapolis Road Columbia 
Maryland 21045 (US) (appllcant designated 
states: .AT;BE;CH;DErD:K;FR;GB; IT;LI; LU,;NL;SE) 

Withdrawal: 960605 A2 Da.te on which the European patent application 
was deemed to be withdrawn: 95ll30 

27/9/2 (Item l from' file: 351) 
DIALOG (It) File 3 51: DERWENT WP! 
(c} 19 9 6 Derwent Info Ltd. All rts . re serv. 

008482899 WPI Ace No: 90-369899/50 
XRPX Ace No: N90-.282055 

Frequency calibration in c.ompression-expansion system - compre.s;ae,d 
sign.al receiver detects frequency errors, then compensates expanded 
output and controls stone frequencie.s; LINK 1 

Index Te.rms : FREQUENCY CALIBRATE COMPRESS EXPAND SYSTEM COMPRESS SIGNAL 
RECEIVE DETECT FREQUENCY ERROR COMPENSATE EXPAND OUTPUT CONTROL 

STONE FREQUENCY 
Patent Assignee: {AMAF-} AM.AF IND INC; (AM.AF-) AMAF INDS INC; {LEVE/) 

LEVEQUE J H; (LINK-) LINK PLUS CORP 
Author {Inventor): LEVEQUE J H 
Number of Patents! 007 
Number of countries: 015 
Pa.tent Family: 
Patent No Kind 
EP 401850 A 
AU 9056805 A 
CA 2018174 A 
JP 3029529 A 
US 5065451 A 
EP 401850 A3 
AU 642880 B 

Date 
90121.2 
901213 
901209 
910207 
911112 
920603 
931104 

Week Appl:i.c No 
9050 EP 90110878 
9106 

Date 
900608 

9110 
9112 
9148 
9332 
9351 

JP 90152528 900611 
us 363863 890609 
EP 90110878 900608 
AU 9056805 900605 

LA P.ages IPC 
(B} 

H04B-D01/64 

Priority Data (CC No Date,): US 363863 (890609) 
Applications {CC,No,Date)<': EP 90110878 (900608}; JP 90152528 (90061;?--}; EP 

90110878 (900608}; AU 9056805 (900605) 
Language: English 
EP and/or WO Cited Patents: NoSR.Pub; EP 274958 A; US 4271499 O:; US 

4457020 A 
Designated States 

(Regional): AT; BE; CH; DE; FR; GB; IT; LI; LU; NL; SE 
Filing Details: AU0642880 Previous Publ. AU 9056805 
Abstract {Basic): EP 401850 A 
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A receiver receives. compressed com.binationaI information 
which consists of the wanted signal and a control tone. These at"e 
separated by an input filte.r. The compressed signal is. expandedf to 
receover the original one. The frequency error between this and· the 
transmitted signal is calculated. 

A frequency compensation network us.es the error to co.rrec:t the 
expanded signi;ll and control tone frequencies. 

USE - Li.ncomplex te1e.communication circuits. ® (20pp Dwg. No. 5/8 
Abstract (US) : 9148 US 5065451 

The compressor-expander (LincompexJ circuit utilises a fregu.ency 
compensation circuit to frequency sh:lft the total bandwidth of the 
whole communication channel. The demodulator includes an expander 
for expanding the compres.sed vo.ice or data signal and a: control 
tone conversion circuit for convertlng the received control tone 
into a frequency signal to be used by the expander. 

The control tone conversion circuit also determines the frequency 
error of a cqm.bination information waveform so that the .frequency 
compensation circuit can carry out t·he proper frequency ~hifting
process. A fading regulator is also provided to remove ~my audible 
level variations not removed by the automatic gain control circuitry in 
the receiver 

USE - Eliminates single side band 11 duct-talk''i and 
data distortion in the transmitting of a complex waveform .due tp 
frequency drift or detuning of transmitter/ receiver S}!;Stem./ 
@(20pp)@ >$) ' 

File Segment: EPI 
Derwent Class: U24; wo2; 
Int Pat Class: H03G--007/00; :S:04B-00l/64; H04B-0.07/00; H04B-014/00 
Manual. Codes (EPI/S-X): U24-C02:8; W02-G03X; W02-G04 

27/9/3 (Item 2 from file: 351) 
DIALOG(R)Fi1e 351:DERWENT WPI 
(e)1996 Derwent Info Ltd. All rts. :reserv. 

007638688 WPI Ace No: 88,..272620/.39 
XRPX Ace No: NSS-207078 *Image available* 

Amplitude modulator using high frequency feedback - .has detecte~ hi.gh 
frequency modulator output fed, back to low frequency input automatic 
output control circuit; $SB SINGLE SIDEBAND RADIO TRANSpEIVER 

!no.ex Terms: AMPLITUDE MODULATE HIGH FREQUENCY FEEDBACK; DETECT HIGH 
FREQPENCY MODULATE OUTPUT FEED BACK LOW FREQUENCY INPUT AUTOMAT;:tc 
OUTPUT CONTROL CIRCUIT 

J?atent Assignee: (PHIG) PHILIPS GLOEILAMPEN NV; (NIMA~) N!FION MAR.ANZ KK 
Author (Inventor): KATSUHIRO E; YASUMICHI I 
Number of Patents: 003 
Patent Family: 

cc Numbe.r Kind Date Week 
EP 284152 A 880928 8839 (Basic) 
JP 63232506 A 880928 8845 
US 4866405 A 890912 8946 

Priority Data (CC No Date): JP 8763698 (870320) 
Applications {CC,No,Date): EP 8820()506 (880318); US 169676 (880318) 
Language: English 
EP and/or WO Cited Patents: A3 ... 9026; EP 95685; FR 2221859; us 408;8956 
Designated States 

(Regional) : DE; FR; GB 
Abstract (Basic): EP 284152 

The modulator compresses the dynamic range of an audio signal 
l:>y a compression , type amplifier (1) . The amplifie.r output i13 pas.sed 
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via an automatic output control circuit (2) to a oalanced high • 
frequency modulation circ1,lit (3) for mixing with a. carrier wave,• 
oscillator {4) output. 

A portion of the high frequency .output of the modulator, which 
varies lineady with the audio imput, is amplified (5) and detected (6) 
to provide a. .DC signa.l. l'his signal is fed to the automatic out~u:t 
control circuit (2) ,:o control the amplitude of the low frequency 
signal. ' 

USE/ADVANTAGE - SSB radio transceiver. Provides good and ,low' 
distorti.on, @(Spp Dwg . .No.1/1 

Abstract (US): 8'9~6 US 4866405 
The modulation appts. has an automatic output control device for 

receiving an input signal.corresponding to the low frequency signal 
and for producing a· contorlled low frequency signal. A high trequency 
signal is also produced .. The .high frequ.ency signal is modulated! with 
the controlled low frequency signal to produce the modulated high 
frequency signal. A discriminator receives and demodulates at 
least.a portion of the modulated high frequency signal and :pz-oduces a 
feedback signal that corresponds only to the modulat.ion of the , 
modulated high frequency slgnal and, thus, also corresponds only to the 
low frequency signal. The automatic control device receives the 
feedback signal and controls the amplitude of the controlled loJ,7 
frequ,ency signal i.n response to the fee.dback signal ... ® (4pp) ® 

File Segment.: EPI 
Derwent Class: U23; U24; W02; R.54; 
Int Pat Class: FI03C-001/02 
Manual Codes (EP!/S-X:}: U23-G; U24-C02B; W02-G02; W02-G04 

27 /9/4 (Item 3 from' file: 351) 
DIALOG(R)File SSl:DERWENT WPI 
(c) 199$ Derwent Info Ltd. All rts. reserv. 

0042833:32 WPI Ace No: 85-110210/18 
.XRP.X Ace No: NS.5-082708 

Electronic security and surveillance system has sub-channel modµlator 
using key fr!;'!quency unique to each unit for audio and 

compressed .video information and alarm code 
Index Terms: ELECTRONIC SBCURB SURVEILLANCE SYSTEM; SUB CHANNEL MODULATE 

KEY FREQUENCY UNIQUE UNIT AUDIO COMPRESS VIDEO INFORMATION 
ALARM CODE . 

Patent Assign.ee: (MICR-) MICRON INT LTD 
Author (Inventor): RODlUQUEZ M J 
Number of Patents: 001 
Patent Family: 

cc Number Kind Date Week 
us 4511886 A 850416 as1a••' (Basic) 

Prio:r-ity Data (CC No Date): US 538848 {831006}; US 499946 {830601) 
Abstract {Basic) :. US 4511886 

Each remote ' installation includes surveillance equipment, 
including video, audio, and alarm sign<iils, associated with monitored 
locations. The secur,ity information collected by the surveillance 
equipment is serially sampled l::>y a switcher which provides that 
information to an interfac.e unit transmitter. The interface unit 
transmitter compresses the video information and decodes the al~rm 
information and using a key frequency and. single side • .. band 
modulation techniques modulates and sub~channelises tlle processed 
security information into a frequency spectrum. 

The. sub~channe1:ised security information is translated in , 
f~eguE!ncy and transmitted on the transmission medium. The informat.ion 
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received at the central station is demodulaced , anq the alarm 
information monitored by a command compute;r. The system provides an 
upstream command channel so that the central station can communicate 
with each remote installation. 

ADVANTAGE~ Transmission bandwidth is conserved. ®(17pp Owg.No.1/7, 
File Segment: EPI 
Derwent Class: W02; W05; R31; R57; 
Int Pat Class: GOBB-001/08; H04N-007/18 
Manual Codes (EPI/S-X): W02-F01; WOS-BOS 
? 
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36/9/1 (Item 1 from file: 351) 
DIALOG(R)Fi1e 351:DERWENT w:eir 
(c)l996 Derwent Inf.o Ltd. All rts. reserv. 

009858045 WP! Ace No: 94-137901/17 
XRPX Ace No: N94-108323 *Image available* 

Frequency chan.ging method between adjacent cells in TDMA 
telecommunications - using many voice channels changing to new 
carrier in sequence. with signalling channel transfer within same 
channel .sequence.; MA.HO . 

Inqex Terms: FREQUENCY CHANGE METHOD ADJACENT CELL TDMA TELECOMMr)NICATION 
VOICE CHANNEL CHANGE NEW CARRY SEQUENCE SIGNAL CHANNEL TRANSFER 

CHANNEL SEQUENCE 
Patent Assignee: (MOT!) MOTOROLA INC 
Author (Inventor) : BORTH D E; HAUG J R; .RA.SKY P D 
Number of Patents: 005 
Number of Countries: 005 
Patent Fami1y: 
Patent No Kind Date Week Applic No Date LA 
FR 2696602 Al 940408 94!17 FR 9311649 930930 
FI 9304361 A 9404-03 9424 FI 934361 931004 
SE 9303204 A 940403 9429 SE 933204 931001 
US 5381443 A 950110 9508 US 955793 921002 
IL 1070.58 A 960514 9633 IL .1.07058 930921 
Priority, Data (CC No Date): us 955793 {921002) 

Pages I.PC 
26 1{04.B-007/26 

H04B-007/26 
H04J-003/00 

14 H04L-027/30 
H04B-001/713 

{B) 

Applications (CC.,No,Date): IL l07058 (930921); FR 93116.tJ:9 {930930); FI 
934361 (931004); SE 933204 (931001) 

Abstract (Basic): FR 2696602 A 
The signalling chcinnel is divided into two blocks of line 

s.eparated by N/2 line block.s in the N line blocks multiple~ed in the 
TDMA frame. The first block contains synchronisation information and 
the second block contains information on the jump sequence. 

Access is just gained on one carrier, among a number, to }'lhich 
the signalling channel and many voice channels are jumped. When the 
signalling frequency is changed, synchronisation is obtained ano. 
information on the jump sequence is obtained. The signalling channel 
has sub - channels for signal broadcast, synchronisation,; 
personal calling, short messages, acceptance of access and broadcast 
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data. 
USE/ADVANTAGE ~ Mobile assisted hand-over in cellular 

comm.unications. Communication quality maintained at cell bounda;ry, 
simpler .configuration. Possible lower cost version for slower 
operation. 

Dwg.S/12 
Abstract (US}: 9508 US 5381.443 A 

The method of acces.sing a frequency hopping time division 
multiple access communication system involves accessinsr a carrier out 
of several carriers. The carriers have a signalling channel and a 
number of traffic channels frequency hqpped thereon using a hopping 
sequence. Synchronisation to the signalling channel is acquired when 
the carrier has the signalling channel hopped on it. After 
synchronisation has .been acquired, information re.lated to the hopping 
sequence is obtained from the signalling channel. 

Preferably, synchronisation to the signalling channel is acquired 
during a first timeslot of N timeslots multiplexed onto a TDMA. frame. 
Infqrmation related to the hopping sequence is obtained during 'a second 
timeslot. 

USE/ADVANTAGE - CellUlar communications system. Supports logical 
channels for broa<icast, paging , synchronis.ation, access and' access 
grant. Simple configuration. 

lJwg.1/12 
File Segment: E.PI 
Derwent Class: W02; 
Int Pat Class: H04B-00:L/713; H04B-007/212; H04B-007/26; H04J-003/00; 

H04L-027/30; H04Q-007/00 
Manual Codes (EPI/s-,): W02-C03ClA; W02-C03C1D 

36/9/2 (Item 2 from. file: 351) 
DIALOG(R)File 351:DERWENT WPl 
(c)l996 Derwent In:Eo Ltd. All rts. :reserv. 

004451009 Wl?I Ace No: 85--277887/45 
XRPX Ace No: NSS-207272 

Offset type direct modulation FM data receiver has non-linear 
discriminator function producing voltage with sign to adjust lopal 
osci.11ator frequency 

Index Terms:' OFFSE'l' TYPE DtRECT MODULATE FM DATA RECEIVE; NON LINEAR 
DISCRIMINATE FUNCTION PRODUCE VOLTAGE SIGN ADJUST LOCAL OSCILLATOR 
FREQUENCY 

Patent Assignee: (FHIG ) PHlLIPS GLOEILAMPENFAB NV; (l?BIG 
ELECTRONIC 

Author (Inventor).: MARSHALL C B; WILSON J F; NETTLESHIP R 
Number of Patents: 009 
Number of Countries: 007 
Patent Family: 

Applic No Date LA 
Eng 

Pages IPC 
27 

l?EILIPS,-

Patent No Kind 
EP 160339 A 
GB 2158330 A 
JP 60237749 A 
DK 8501885 A 
AU 8541780 A 
US 4672636 A 
EP 160339 B 
DE 3585098 G 
DK 165536 B 

Date 
851106 
851106 
851126 
851031 
860605 
870609 
920108 
920220 
921207 

Week 
8545 
8545 
8602 
8606 
8630 
8725 
9203 
9209 
9303 DK 851885 850426 H04L-O27/14 

GB 8411037 (840430) 

(B) 
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Applicationt;:i (CC,No, Date) : DK 851885 {850426} 
Language: English ,. 
EP and/or WO Cited Patents: A3 .... 8801; GB 1106.913; GB 2059702; Ga 2,109201; 

GB 2122437; No-SR.Pub; US 4103244 
Designated States. 

{Regional}: DE; FR; GB 
Filing Details: DK0165536 Previous Puhl. DK 8501.885 
Abstract (Basic); EP 160339 

'l'he receiver has a mixer (14}. The mixer has a first input 
receiving a dit"ectly modulated FM signal with two signalling 
.frequencies deviated by delta F' on either side of a carrie.r frequency 
and a second input. The second input r.eceives local oscillator. signal 
with a frequency between the. two signalling frequencies but offset from 
the carriers frequency by a predetermined amount (df), which is' smaller 
t.han the deviation delta f. A demodulator distinguishes be.tween the 
signalling tones (delta f+df) and (delta f-df) and derives. an output 
signal. 

A functional syste.m bas a .frequency voltage transfer function 
which is non-linear when the receiver is tuned to the nominal frequency 
within the :region occupied by the channel data signals. The fun.ctional 
system produces an output voltage of such a sign over the relevant 
f.requency range as to tune the local oscillator frequency on to the 
desired offset frequency. 

USE - For e.g. digital paging . @ {27pp Dwg .No .. 1/22)@ 
Abstract (US): 8725 US 4€i72636 

A subcircuit • in the AFC .system has a symmetrical triangular 
vol.tage-frequency transfer functi.on with a vertex of the f.unction 
occurring at the deviation frequency and an output of the sub. 

circuit is coupled to a frequency control input of a local 
oscillator. The vertex may occur .at a maximum or •a m;i.nimum voltage. 
The transfer function enables the correct AFC output to be obta_ined for 
both of the signalling tones. 

The .AFC system may be implemented in an analogue or digital 
form. An analogue implementation of the. sub circuit having 
tri.angular transfer function, with a vertex at a maximum voltag~., 
comprises a multiplier having o.ne input coupled to the output q.f the 
mixer and another input connected to an output o.f. a delay devic.e whose 
input is coupled to the mixer. A smoothing ci.rcuit is connecteci to the 
output o.f -the multiplier to remove the high frequency product term, 
also to define the time constant of the AFC system. @(13pp)J 

Abstract (EP): 9203 EP 160339 
A direct modulation PM data receiver comprising a mixer ha;ving a 

first lnput for receiving a directl.y modulated FM signal having .. two 
s.ignalling input, alocal oscillator (20) for generating at an , 
outputthe.reof an output having an output signal having a frequency 
which is offset from fc by a predetermined amount whicn j.s smaller than 
delta f, which output is coupled to said second input, demodulating 
means having an input coupled to the mixer output, for distingufshing 
between frequencies '(delta f + df) and deriving an output data signal 
therefrom,and an AFC feedback path coup.ling the mixer (14) output to 
the frequency control input of the local oscillator (20}, for reducing 
errors in the frequency of the local oscillator output signal, i 
c.haracterised in that the AFC feedback path has an output voltage 
versus input frequency charatcteristic which has slopes of oppo:.Site 
signs at fx-equencies of {delta f + f) and (delta f -dfJ respect[ively, 
and in whichthe AFC feedback path comprises a circuit (50 or 56,J having 
first and second inputs to which the mixer output is coupled and an 
output (52) coupled to saic .frequency control input, for effect4,ve1y 
multiplying together signals presented to its inouts and produciing a 
signal representative of the res1.1lt at its output and delay me~ns 
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included in the coupling from the mixer output to the first input of 
said ci:rcui t . @ ( 17pp)@ ' 

Fi.le Segment: EPI 
Derwent Class: WOl; WOS; R57; RSS; R56; R54 
Int Pat Class: H03L-007 /06; ,H04L-O27 /14.; H03J-007 /04; B04B-001/16 
Manual Codes (BPI/S~X}: W01--A09A; W05-A05 
? 
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4.2/9/1. {Item l from file: 351) 
DIALOG(R)File 351:DERWENT WPI 
{c)l.996 Perwent Info Ltd. All rts. reserv. 

007160533 WPI Ace No: 87-157542/23 
Related WPl Accession(s): 87-157542 
XRJ?X Ace No: N87~118199 

Subscriber equipment for wireless d:i,gital telephony~ has contrpl and 
MODEM processors directly coupled in assembly containing CODEC and 

universal transmitter receiver 
Index Terms: SUBSCRIBER EQUIPMENT WIRELESS DIG!TAL TELEPHONE CONTROL 

MODEM PROCESSOR COUPLE ASSEMBLE CONTAIN CODEC UNIVERSAL TRANSMIT 
RECEIVE 

Patent Assignee: (ITMO) INT MOBILE MACH!NES CORP: {ITMO .. ) IN'I' MOBILE MACH 
Author ( Inventor) : CRITCHLOW D N; PANETH E; SMETANA B A; YEHUSHUA M'.; AVIS G 

M; EAR.LAMS J K; JOHNSON K J; WESTLING G Li ERLAM SJ K; ISRAEL: G; AVIS 
GN 

Number of Paten.ts: 095 
Number of Countries: 022 
Patent Family: 
Patent NO Kind 
BE 905822 A 
DE 364.4066 A 
GB 2194403 A 
GB 2194404 A 
GB 2194417 A 
GB 21944.18 A 
GB 2194708 A 
GB 21.94711 A 
NL 8700645 A 
SE 8604661 A 
FR 2602622 A 
JP 63043430 A 
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FR 2602928 A 
FR 2602929 A 
FR 2602933 A 
FR 2602934 A 
FR 2602935 A 
FR 2602938 A 
FR 2602941 A 
FR 2602944 A 
BR 8701441 A 
DK 8701789 A 
FI 8604943 A 
AU 8781363 A 
AU 8781364 A 
AU 8781.365 A 
AU 8781366 A 

Date Week Applic No 
870.527 8723 BE 905822 
880211 8807 DE 3644066 
880302 8809 GB 871.7221 
880302 8809 GB 8717218 
880302 8809 GB 8717217 
880302 8809 GB 8717219 
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256416 .(881012); us 256580 (881012); us 256579 881012); us 256578 ( 
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Applications CCC,No, Date}! IE 863045 (861118}; BE 905822 (861127); DE 
3644066 (861222); GB 8717221 (870721); GB 8717218 (870721); GB :8717217 
(870721); GB 8717219 (870721); GB 8717220 (870721); GB 8627428 ;(861117 
} ; Jl? 8774573 (870330); GB 8717222 {870721); GB 8717223 (8707:21:); GB 
8717225 (870721) ; GB 8717224 (8.70721); ES 3224 (861128); US 256557 ( 
881012); CA 534177 (870408); CA 608564 (890816) i CA 534177 (8.70408); CA 
608$63 {890816); us 89391(.; {860807); us 893916 (860807); us 256557 ( 
881012); US 893916 (86080'7); NO 864618 (861119); CA 5:34.177 (870~08); CA 
608565 (890816); IE 863045 (861118); IE 9138.35 (861118); IE 863045 ( 
861118); IE 913836 (861118); IE 863045 (861118); IE 913837 ($6;1.118); IE 
863045 (861118) .; .IE 913838 (861118) 

Language: French 
Filing Details: US.5159705 Div ex us 4825448; US5168507 Div ex us 

4825448; US5168507 Cont Of us 4881240; US5177741 Div ex tis 
4825448; NOOl 72090 Previous Publ. NO 8604618 

Abstract (Basic) : BE 905822 A , 
A base-.bartd processor provides control of conversion of PCM 

signals at one bit rate to other bit rates. It converts received 
digital signals to voice signals and vice versa. It also 

provides echo cancellation where it uses dynamic memol:"y to stor\; 
received signals. PROM' s store the echo cancellation program 

information as well as that for utilisation of the processor as' a 
control processor. ~- • 

As a control processor it signals t.o the frequency 
synthesiser the freque.ncy of operation for communication to the 

base station • The processor is directly coupled to a modem 
processor which is able to access the base band processor memory. This 

processor sends its signal at a predetermined sampling rate 
which are converted to analogue signals. The analogue signals are 
subjected to a cancellation process to reduce distortion. These, signals 
are converted to an IF for addition to the synthesiser freque.ncy to 
result in an HF signal for transmission. 

ADVANTAGE - Combined assembly o.f modem and baseband 
processor.s. Dwg .. 0/10 

J\.bstract (US): 9304 US 5177741 A 
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In the subscriber unit a select.or determines the type of channel 
in an incoming signal and the unit transmit or . receive moq.e•: , The 
selector produces repetitive frames at predete;rmined interval,s whEtt·e a 
portion of each interval constitutes an Amplitude Modulation 
Hole, determines whether the unit is in a transmit or receive mode 
and whether a particular channel is a control charm.el or a voice 
channel in accordance with the .AM hole duration. 

A portion of the first half of ea.Ch frame constitutes a. 
receive mode and a portion of the second half of each frame 

constitutes a transmit mode, each portion comprising a slot, each slot 
containing, a..s part of its initial data, a unique word establishing 
timing for reception of the remaining data in the slot. 

Dwg.1/10 .9251 US 5168507 A 
The digital wirel.ess subscriber telephone unit includes an IF used 

within the subscriber unit and base station which is combined 
with a carrier signal·generated by a synthesiser fO:r RF transmi~sion 
between stations. In intervals between actuation of the system, · a 
training mode is used. A known craining signal i.s compared with: .a known 
value. to produce correction coefficients to compensate for undesirable 
variations in timing and-or frequency. The Constants are stored for use 
in correcting actual received signals. 

During demodulation , the . modulated digital si,snals 
are fed to the modem processor in the form of time multiplexed 
In-phase and (Quadrature) samples and are demultiplexed. The 
demultfplexed I and Q samples are fed to an equaliser and frequ~ncy 
correction circuit for minimisation of errors for production of. a 
frequency correction signal based upon the correction coefficie;nt.s 
whiqh is µ.1?ed to correct any errors in the timing and .frequency' of the 
system. 

USE/ADVANTAGE - Subscriber system adapted for communication 
with base station , direct access to processors and memories for 
easy maintainence and test purposesDwg.8/10 9246 US 5159705 A 

The frequency sy.nt..hesizer circuit comprises an oscillator that 
outputs a synchronising signal, and a control inp1,1t signal generator. 
The synthesiser unit receives the synchronising signal, and; the 
control input signal. The synthesiser unit, in. response to the control 
input signal, generates an output signal which is in synchronisJn with 
the synchronising signal. 

A frequency divider receives t:;he synchronising signal, 
divides it by a predetermined value and outputs a divided synchronising 
signal. A mixer mixes the synthesiser output signal with the divided 
synchronising signal and gen.er.ates a second synthesiser output signal 
which is in synchronism with the first output signal, but has a " 
frequem::y which is lower than the first output signal by the value of 
the divided synchronising signal. •/ 

USE/ADVANTAGE - Subscriber system unit for dig-"ltal radio 
telephone system, transcoding incoming and outgoing signals bet}'leen bit 
stream types, provides echo cancellation. 

Dwg.6/10 9216 US 5101418 A 
The digital time-multiplexed quadrature frequency upconverter has 

input for receiving a first predetermined timing signal and input 
device for receiving a time-multiplexed quadrature signal. A signal 
combining device perfo:tms a multiplication function in combining the 
set timing signal with the time-multiplexed quadrature signal. 

A digital-to-analog converter converts the combined s:ignal to 
a first analog signal. The second signal combining device for the first 
analog signal output is provided from the digital -to- analog 
converter with a secon.d analog signal at a set frequency to gen~rate a 
third analog signal. A device integrates the third analog signa,l to 
gener.ate the second signal centred at a second frequency. 
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USE - For com,erting signal centred at .Lrtitial frequency to 
second signal centred at second init.ial frequen.cy91ll us 49948(Y2 

The system incldue13 a. circuit to produce an. anaJ.og signal; and a 
circuit for . amplHying this slgnal, mixing the ampli!ied signa1 
with a signal from a timing circuit and applying the output of the 
mixer to a sample and hold circuit. The output of the sample and hold 
cir9uit is then applied to an. analog to digital convert~r, the 
output of which is applied to a FIFO, whose output is then available 
for further processing. '. 

The functions of many of the elements e.g. a full speed P~OM 
(44) f the FI.FO (16) an interpolator (48) and a PAL (50) rnay be provided 
within a modem processor of suffi.ciently large capacity. This rriay 
also be true of such .eJetnents as frame timing {91), blanking generation 
(SB) the timer (51} divide-by-4, the divide-by-5 and some or all of a 
synthesizer (72). @(12pp)@ 9032 us 4943983 

The modem has a processor including a DPSK converter coupled 
to a filter . The conve.rter has a digital bit input ano. l1as an 
inverse Gray coding .function whose output is applied to a phase 
quantiser for determining the absoll.1te value of .the current. symbol. The 
quanti.ser is .coupled, to a differential encoder for providing a 
differentially encoded phase value that represents the rnodulo sum ot 
the current diff erenti.3,l phase and the prior absolute pha1:1.e, The modulo 
sum is dir~ctly applied to form the I a.nd Q of the current syrnbpl .. 

The filter is adapted to. create an oversampled PSK w-a¾reform 
from the I and Q components tbat provide a time division multiplexed 
signal. 

USE/ADVA.r:iTAGE - For subscriber systems unit for digital remote 
telephone system. Minimal errors. @(12pp)@ 9010 OS 4893317 

A signal from a modem processor is converted to an analog 
signal, which is subjected to deglitching, and' then upconverted and 

filtered to form an IF signal for amplification . The 
amplified IF signal is combined with .a signal generated by~ 

synthesiser to provide an RF signal. On the basis of certain signals 
received from the base statfon , the.baseband processor 

produces initiating signal which determine whether the subsqriber 
unit will be in the transmit or the rec.ehre mode. 

In intervals between actuation ot th.e system, a training mode is 
used in which a known signal from the modem processor is compared 
with a looped-back signal to :produce correction constants to compen$ate 
for undesirabl.e variations in the IF, these constants being stored for 
use in correcting actual received signals. During demodulation 
the modulated digital signals a.re fed to the modem proces~or 
in the form of time multiplexed I and Q samples and are demultiplexed, 
equatised and frequency corrected to minimise errors. @(12pp}@ 9004 US 
4881240 t 

The digital wireless subscriber telephone unit for wireless 
connection with a base station has a baseband processor, which 
is coupled to storage device for the baseband furtctions. The basebana 
processor is direct access coupled to a modem processor whereby the 
two processors may communicate with each other. The modem processor 
acts as the master in the system, although lock-out circuit may be used 
in certain circumstances. The signal from the modem processbr is 
converted to an analog signal, which is subjected to deglitching, and 
the degli tched signal i.s then upconverted and filtered to form an 
IF signal which is thereafter amplified . The amplified IF 
signal is combined with a signal generated b.y a synthesiz.er to provide 
an RF signal. 

On the basis of certain signals received from the base 
station , the baseband processor produces initiating s:i9nals 

which determine whether the subscriber unit will be in the tranE:>mit 
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mode or the rece.ive mode. In intervals between actuation of the 
system, a training mode is used wherein a known signal from the' 

modem processo.r is comparedwith a looped-back signal to prbduce 
correction constants to compensate for undesirable variations in the 
IF, these constants .•being stored for use in correcting actual · 

received signals. @{12pp)® 8919 us 482544.8 
The digital wireless subscriber telephone unit for wireles)s 

connection with a base statidrt . The subscriber unit has· 
baseband processor which i.s coupled to storage means for the baseband 
functions. The baseband processor is direct access coupled to a 

modem processor whereby the two processors may communicate with 
each other. The modem processor generally acts as the master in the 
sys.tern., although lock-out means may be used in certain circ:umstances. 
The signal from the modem processor is converted to an analog 
signal, which is subjected to deglitching, and the deglitched signal is 
then upconverted and filtered to form an IF signal which is 
thereafter ampli.fied . The amplified IF signal is combined with 
a signal generated by a synthesiser to provide an RF signal. On the 
basis of certain signals received from the base station 
the baseband processor produces initiating signals which 
determine whether the .subscriber unit will be in the transmit mbde or 
the receive mode .. 

In intervals between actuation of the system, a training mode is 
used wherein. a known signal from the modem processor .is compared 
with a looped-back signal to produce correction constants to compensate 
for undesirable variations in the IF, these constants be.ing sto~ed for 
use in correcting actual received signals. ®(12pp)@ 

Abstract (GB): 9120 GB 2194418 
An interpolator for varying the sampling rate of a digital. signa.1 

having time division multiplexed I and Q components at an initial 
freq., comprising an input for said signal; .a memory for the I pr Q 
component serially coupled to a memory·for the Q or I component; and 
means for applying a clock input of a. predetez-mined freq.. to both of 
1;taid memories, whereby said time division Titultiplexed I and Q 
components are recirculated through the memories, during which they a.re 
demultiplexed at their initial freq. and then resampled and 
remultiplexed at a second higher frequency. 9119 GB 2199214 

A. digital time-multiplexed quadrature frequency upconvert.er .for 
converting a f'irst time-multiplexed quadrature signal centred. a,t .an 
initial :frequency to a second signal centred at a second freque,ncy 
comprising an input means for said firat signal; an inp1.1t means: for a 
carrier signal; a multip.lier for acting on said first signal and for 
performing a t.ime-multiplexed quadratu.re mixing thereof with the 
carrier signal; a digita.l -to- analog converter for conve;i:-t.ing 
said multiplied signal to an analog signal; and means for integrating 
the resultant analog signal. GB 2198916 

A symbol timing tracking and AFC system comprising an input for.a 
detected phase sign.al; means for 9ubt;acting a phase correction. value 
from the detected phase signal to prbvide a corrected phrase sig'na1; 
means for quantizing the phase of the corrected phase signal to a 
predetermined increment; means for subtracting the quantized phase 
signal from the corrected phase signal to provide a phase error sisrnal; 
and means for obtaining .said phase error signal and computing both a 
phase. correction value and a freq. correction signal therefrom 

File Segment: EPI 
Derwent Class: WOl; 
Int Pat Class: Gll.C-027/02; HOlM-001/00; H03B-021/02; H03C-003/06; . 

H03D-007/00 H03H-007/06 H0.3H-007/30 H03K-005/15 H03L-007/16; 
H03M-001/06 H03M-007 /3 0 H04B-001/40 H04B-007 /21 H04B-007 /24'; 
H04B-007/26 H04J-001/05 H04J-003/02 H04J-003/06 H04J-003/12·; 
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Description 
VOICE OR AUDIO OR ANALOG? 

DEMODOLAT? OR DE () MODULA'!'? OR MODEM? OR $1 { 3N) DIGIT? 

825 ANP {RECEIV? OR TERMINAL?) 
S37 AND FIL'I'ER? 
S38 AND (MODULAT? OR QAM) 
839 AND AMPLI? 
S40 AND SIGNAL?(2N}PROCESS? 

S41 AND Sl (3N)DIGIT? 
S43 AND TRANSFORM?(2N)FILTER? 
$43 AND ,(QIJAD:RATURE? OR QAM) 

10 845 NOT (S9 OR S11 OR $16 OR S20 OR $24 OR $27 OR $36 ORS-
42) 

t48/9/all 

48/9/1 (Item 1 from fi.le: 351) 
DIALOG (:R.) F'i le 3 5.1 : DERWENT W:PI 
(c) 1996 Derwent Info Ltd. All rts. reserv. 

010411 730 WPI Ace No: 95-313044/41 
XRPX Ace No: N.95-236587 *Image available* 

Digital *Signal* synthesis and *processing* in fµll dµplex data. 
transmission system - providing digital phas.e continuous synthe"sis as 
well as digital correlative *signal* *processing* at reception end via 
current supply networks by tneans of narrow baq.d or band spreadi;ng 
*modulation* 

Index Terms: DIGITAL *SIGNAL* SYNTHESIS *PROCESS* FULL DUPLEX DATA 
TRANSMISSION SYSTEM DIGITAL PHASE CONTINUOUS SYNTHESIS WELL bIGITAL· 
CORRELATE *SIGNAL* *PROCESS* RECEPTION END CURRENT SUPPLY NETWORK 
NARROW BAND BAND SPREAD *MODULATE* 

Patent Assignee: (ALLM) ABB PATENT GMBH 
Author ( Inv.entor} : DOSTERT K 
Number o.f. :Patents: 002 
Number of Countries: 006 
Patent Family: 
Patent No Kind Date Week Applic No Date LA Pages IPC 
EP 671822 A2 950913 9541 EP 951031.47 950306 Ger 17 H04B-001/713 (B} 
DE 4408334 Al 950914 9542 DE 44.08334 940311 15 H04L-027/00 

Priority Data (CC No Date): DE 4408334 (.940311) 
Applications (CC,NO,Date}: EP 95103147 (950306) 
Language: German 
EP and/or WO Cited Patents: No-SR.Pub 
Designated States 

(Regional}: AT; CH; DE; PR; LI; SE 
Abstract (Basic}: EP 671822 A 

On reception, a *filtered* and *amplified* reception $ignal (X) 
coupled from the current network, reaches a digital multiplier (5) 
after *digital* to *analog* conversion. The second input of the 
multiplier has a reference signal (Y} from a sample value memocy (24) 
a.ddressed by a cyclic address counter to fixed base 1.ength (20L 
Exactly four reference values (Y), corresponding to the in-phase and 
*quadrature* sample values of each Land H signal form, are allocated 
to each X value. The, resulting products are accumulated in a ring 
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structure of a. summer (6), four registers {7,8,9,.1.0) and a switch (11). 

After one signal form cycle, the in~phase components of the Hand 
L bit are accumulated in two registers {9,10) and the *quadrature* 
components are accuml.tlated in tbe other reg.isters (7, 8). By undoing the 
ring 9tructure, the switcb (11) feeds the four resu.lts from th!:'!• 
registers (7-10).to a decision unit including a switch (13), a summer 
{ 14) and two registers ( 15, .16) . 

ADV.ANTAGE - Can transmit and *receive* while carrying out full 
duplex operation. Has high flexibility in data rate, interference 
resistance and frequency selection. Dwg.1/3 

f' i le S.egme.nt : El? I 
Derwent. Class: WOl; W02; X12; 
Int. Pat Class: H04B-001/71:3; H04B-003/54; H04L-005/14; HO{L-027/10 
Manual Cocies (EPI/S-X): W01-A03D; W02-C01A3; W02-K05Al; x12 .. H03B 

48/9/2 (:ttetn 2 from file: 351} 
DIALOG(R}File 351:DERWENT WPI 
(c}1996 Derwent Info Ltd. All rts. reserv. 

010040810 WPI Ace No: 94-308521/38 
XRPX Ace No: N94-242712 *Image available* 

Orthogonal *modulator* e.g. QPSK for *signal* *processing* equipment -
involves *quadrature* phase shift keying of signals *received* along 
different channels and inducing phase differences for distinguishing 
each signal 

Index Ti:rm.s; ORTHOGONAL *:MODULA.TE* QPSK *SIGNAL* *PROCESS* EQUIPMENT 
*QUADRATURE* PHASE SHIFT KEY SIGNAL *RECEIVE* .Cl!ANNEL INDUCE PH;A.SE 
DIFFER DISTINGUISH S[GNAL 

Patent Assignee: (FUIT} FUJITSU LTD 
Number of Patents: 001 
Number of Countries: 001 
Patent Family: 
Patent No Kind Date Week Applic No Date LA Pages Il?C 
JP 6237276 A 940823 9438 JP 9323102 930212 9 H04L-027/20 (B) 

Priority Data (CC No Date) : JP 9323102 (930212) 
Abstract {Easic): JP 06237276 A 

The orthogonal *modulator* consists of two channels, each 
incorporating a digital *filter* (11, 21), multipliers (2, 3) and a 
multiplier (1) linked to them, *digital* to *analog* converters {12, 
22), wave *filters* (13, 23). 90deg. phase compensation circuits {15., 
25), *amplitude* regulator (14, 24), signal dispatcher (30), lo~al 
oscillator (30) and hybrid vessel (40'). • 

Pigital data from each of the two channels is multiplied ;with 
differential pha,se retentions using multipliers (1, 2., 3) and cbnverted 
into *analog* signal using *digital* to *analog* converter (12, 22}. 
Higher harmonies that may produce distortion are removed in the. wave 
*filter* (13, 23) and the signal level is adju.sted for *amplitude* 
setting in the *amplitude* regulator (14, 24). Each signal is m,i:x:ed 
with the carrier wave from the local oscillator, routed to different 
channels in the signal dispatcher and retrieved as a quadruple phase 
shj_ft keying signal when combined in the ;J:lybrid v.essel. 

ADVANTAGE - Improves stability of signal generation. 
Dwg.1/8 

File segment: EPI 
Derwent Class: U23; WOl; 
Int Pat Class: H04L-027/20 
Manual Codes (EPI/S-X): U23-P01; W01-A09B; WQ1 .. A09El 
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48/9/3 (Item 3 from· file: 351) 
DIALOG(R)File 351:DERWENT WPI 
(c) 1996 Derwent Info Ltd ... All rt:s. reserv. 

009521164 WPI Ace No: 93-214705/27 
XRPX Ace No: N93-165018 

Vector FM transmitter suitable for cellular telephones - uses sine and 
cosine circuitry for generating *quadrature* and in-phase *modulating* 
signals · .. 

Index Terms: VECTOR FM T.R.ANSMIT SUIT CELLULAR TELEPHONE SINE COSINE CIRCUIT 
GENERATE *QUADRATURE* PHASE *MODULATE* SIGNAL 

Patent Assignee.: (NOVA-) NOVA'I'EL COMMUNICATIONS LTD 
Author (In:ventor): BAR.ABASH D W; SMIT T J 
Number of Patents: 002 
Number of countries: 002 
Patent F.am:i.ly: 
Patent No Kind Date Week Applic No Date LA Pages IPC 
CA 2080786 A 930418 9327 CA 20$0786 921016 12 H03C-003/00 (B) 
US 5224119 A 930629 9327 US 778567 911017 6 H04L-02.7/20 

Priority Data (CC No Date} : us 778567 (911017} 
Applications (CC,No,Date): ~ 2080786 (921016) 
Abstract (Basic): CA 2080786 A 

Speech signals from a microphone (12) are proce.ssed in accbrdance 
with one of alternative processing seqUenc::es before being applied to a 
common vector *modulator* (14) which can include a *digital*-to
*analog*-conversion capability by two converters (16, 18) *recetving* 
i.n-phase and *quadrature* *modulating* signals,, respectively, and 
applying them to respective multipliers (20, 22). 

A phase splitter .( 24) generates in-phase and *quadrature* 
versions of a carrier signal, which are applied as the ct.her inputs . to 
the multipliers respectively. An analog summing circuit (26.) adds the 
resultant product signals to generate an output which an *amplifier* 
(28) applie.s to an antenna (30) for transmission. 

Th.e vector *modulator* produces the d.esired FM signal by adding 
together *quadrature* and in-phase versions of a carrier in proportion 
to the va.lues that the *quadrature* and in-phase *modulating* signals 
represent. 

ADVANTAGE - Same vector *modulator* can be used for both 
frequency and phase *modulation* modes. Integration and computation of 
trigonometric functions can readily be performed by same digita.1-
*signal*-*processing~ circuitry that would be used for the various 
encoding and *filtering* steps required for digital pha.se-shift-keying 
standard. Allows implementation that~·aoes not require intlividual 
adjustments ordinarily associated with v.c.o. frequency-*modulation* 
circuitry. 

Dwg.1/3 
File Segment: EPI 
Derwent Class: U.23; W0l; W02; 
Int Pat Cl.ass: H03C-003/00; H04B-.001/04; H04L-027/20 
Manual Codes (EPI/S-X): U23-H; W01-C01D3A; W02-C03C1C; W02-G01D 

48/9/4 (Item 4 from file: 351) 
DIALOG(R)File 351:DE:RWENT WPI 
(cl 1996 Derwent Info Ltd. All rts. reserv. 

009488425 WPI Ace No: 93-181960/22 
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XRPX Ace No: N93-139911 *Image available* 
Partial response *de"modulation* *d:igital* *audio* communicationt -
:includes 30 channel aigital bit stream. demultiplexed into rue groups of 
five channels 

Index Terms: RESPOND *DEMODULATE* *DIGITAL* *AUDIO* COMMUNICATE CHANNEL 
*DIGITAL* BIT STREAM GROUP FIVE CHANNEL 

Patent Assignee: {SCAT) SCIENTIFIC ATLANTA INC 
AUtho:t (Inventor): MONTREUIL L 
Number of Patents: 003 
Number of Countries: 029 
Patent Family: 
Patent No Kind 
US 5214390 A 
WO 9319520 Al 
AU 9338040 A 

Date Week Applic No Date LA 
930525 9322 us 851445 9203.16 
930930 9340 WO 930$2240 930316 Eng 
931021 9407 AU 9338.040 930316 

Priority Data (CC No Date) : us 8514'45 (920316) 

Pages IPC 
21 H03D-003/00 
36 l::Id30-003/00 

l::I03t>-003/00 

Applications CCC,No., Date.) : AU 9338040 {930316}; WO 93US2240 (930316) 
Language: English 
El? and/or WO Cited Patents: us 488639$ 
Designate.d States 

(National): AU; BR; CA; CZ; .FI; HU; JP; KR; NO; l?L; RO; SK 

(B) 

(Regional): AT; BE; CH; DE; DK; ES; FR; GB; GR; IE; IT; LU; MC; NL:; PT; SE 
Filing Details: AU9338040 Based on WO 9319520 
Abstract (Basic): us 5214390 A 

The appts . .:includes a group of channels each *modulating* a 
carrier by a *quadrature* partial response (QPR) 'frprocess* .. The QPR 
*signal*, an *amplitude* *modulated*, double sideband, carrier 
suppres.sed (AM DSBSC) a.ignal, is then transmitted. over the cable system 
to a mu1t.iplicity o.f subscribers., each of which has a QPR *demodulator* 
. The *demodulator.a* a.re of the decision feedback type having a 
modified Costas loop carrier recovery circuit. The grouping of an odd 
number (five} of *digital* *audio* channels per QPR mopdulato.r 
minimises error propagation due to the correlative QPR *demodulation* 
process. The decis.ion feedback decoding is implemented in simple 
current nodes where a bilevel output from the decoded data .is 
subtracted from a tertiary level output of a mixer. 

The resulting bilevel current is converted to a voltage, 
*filtered*, and limited to produce a logic output level. The modified. 
Qqstas loop provides an error voltage based upon the differenqe pf ~lle 
*received* data states.versus the nominal data stages and the quadr~ft 
the data occupies. The .error voltage is generated by differencing the 
outputs of two analog ;1,witches which have as their inputs analog 
signals. representative1j_of the *amplit····.u·· de* level of the data and .. its 
inverse of one phase .. The signal of !;-):le data bit of the oppo9ite phase 
is used to control the switch and thu.s select which signal is used. 

ADVANTAGE - Very efficient conversion. · 
Dwg.10/15 

File Segment: EPI 
Derwent Class: U23; W01; W04; 
Int Pat Class: H03O-003/00 
Manual Codes (EPI/S-X}: U23-P04; .W01-A02; WOl-A09E2; W04-C10Al; W04:._K05 

48/9/5 (Item 5 from file: 351) 
O.IALOG(R)File 351:DERWENT WPI 
Cc) 1996 Dex:went Info Ltd.' All rts .. res.erv. 

009452023 WP! A.cc No: 93-145548/18 
XRPX Ace No: N93-111199 · *Image available* 
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Digital *quadrature* .• radio *receiver* with two=step processing - uses 
*analogue*=tO=*digital* converter followed by concurrent *filter* 
Providing *quadrature* mixing and downsampling functions; DSP 

Index Terms: DIGITAL *QUADRATURE* "RADIO *RECEIVE* TWO-STEP PROCESS 
*ANALOGUE*-*DIGITAL* CONVERTER FOLLOW CONCURRENT *FILTER* *QUADRATURE* 
MIX FUNCTION ' 

Patent Assignee: (FORD} FORD FRANCE SA; (FORD) FORD MOTOR co LTD; (FORD 
FORD WERKE AG; (FORD) FORD MOTOR CO 

Author {Inventor): WHII<EliAR.T W J; WEIKER.ART J W 
Number of Patents: 003 
Number of Countries: 004 
J;>atent Family: 
Patent No Kind 
EP 540195 A2 
US 5222144 A 
EP 540195 A3 

Date Week App1ic No Date LA 
930505 9318 EJ? 92309141 92100$ Eng 
930622 9326 us 7834.70 9:].102f 
940511 9524 EP 92309141 921005 

P:ciority Data (CC No Date), U$ 783470 (911028). 

Pages Il?C 
16 H04BM001/16 
14 H04H-005/00 

HOAB-001/16 

(B) 

Appl.icatiorts (CC,No,Oate): EP 92309141 (921005); EP 92309141 {921005) 
Language: English 
:EP a.rtd/or WO Cited Patents: No-SR.Pt.ib; 1.Jnl.Ref; EP 44.8150 A; us· 4468794 

A; US 4592074 D 
Designated States 

(Regional) :. DE; FR; GB 
Abstract {Sae.icl: EP 540195 A 

The two-step digital *signal* *proceseing* (D$P) radio *receiver* 
includes a conventional analogue RF turter to produce an analogue 
intermediate frequenpy (I.F) .. The *receiver* includes an *analogue*-:-to
*digital* converter (40) which performs DSP .functions of *digitally* 
sampling the *analogue* IF. A concurrent *filter* (41) provide.s 
*quadrature* mixing, resulting in. an lF centre frequency near .zero, and 
downsampling functions. 

A *quadrature* mixer (42) is phase locked to provide syncpronous 
detection. by means of a loop *filter* (43) and a. digital 
voltage-controlled oscillator (VCO) (44). Dt.1ring *demodulation* of a 
c-QUAM signal the *quadrature* mixer becomes loc.ked to the near•-z.ero Hz 
complex IF signal and produces at its outputs synchronous dete<'!!tOr 1 
and Q signals which togethe.r farm a zero Hz I:E' signal. 

USE/ADVANTAGE - for reception of Compatible.,.*QUadrature* 
*Amplitude* *Modulation* signals. Provides advantages .o.f. syp.c;::hronous 
detection and low 1;1ampling rate simultaneously in digital *receiver*. 
Reduced DSP processing load. 

Dwg .. 6/24 
Abstract (US): 9326 us s222144 A 

The digital *signal* *processing* (DSP) radio *rec~iver* employs a 
conventional analog R.F tuner to produce an analog inetrmediate 
frequency. The *receiver* performs DSP functions of *digitally* 
sampling the *analog* intermediate frequency at a sampling rate fa, 
concurrently mixing, *filtering*, and sample-rate reducing the sampled 
intermediate frequency using a digital *filter* for inherently 
generating a near-zero complex intermediate signal and synchronpusly 
detecting the complex IF .signal. 

USE - AM stereo signal reproduction. 
Dwg. 6/24 

F:i.le Segment: EPI 
Derwent Clas.S: U23; WOl; W03; 
Int Pat Class: H04B-001/16; H04H-005/00 
Manual Code$ (EPI/S-X): 023-POl; U23-P04; W01-A09C; W01.-A09E2; W03 - B02C5 
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48/9/6 (Item 6 from file: 351) 
DIALOG(R)Fi1e 351:DERWENT WPI 
(c)1996 Derwent Info Ltq. All rts. :reserv. 

008373621 WPI Ace No.: 90-260622/34 
XRPX Ace No: N90-201905 *Image available"' 

Digital carrier *demodulator* having components working beyond Jimits -
HAS A-D converter to *receive* if signal and output digital sample 
stream, two half-band LJ?FS and decintators 

Index 'J'e.?;tns: DlGITAL CARRY *DEMODULATE* COMPONENT WORK LIMIT; *ANALOGUE*
*DIGITAL* CONVERTER *RECEIVE* SIGNAL OUTPUT DIGITAL SAMPLE STREAM TWO 
RALF BAND 

Patent Assignee: (USAS ) NAT AER.O & SPACE ADM!N 
Author (Inventor): SADR R; HURD w J 
Number of Pa.tents: 001 
Patent Family: 

CC Number Kind Date Week 
US 4947408 A 90080'7 9034 (Basic) 

Priority Data (CC NO Date) : us 350813 (890512) 
Filing Details: US494740B (1810.RMC) 
Abstract .(Sasic) : PS 49-17408 

The device has *analog*-to-*digital* converter for *receiving* an 
intermediate frequency analog signal and .for outputting a digital 
representation of it. A switch circuit samples the digital 
representation of the intermediate frequency analog signal from the A-D 
converter and for outputting a pair of digital sample streams. A 
multiplier multiplies one of the pair of digital eample streams with an 
in-phase carrier signal. A second multiplier multiplies the otJ:ler of 
the pa.ir of digital sample st.reams with a *qu.adrature* carrier Signal . 
A half-band digital low-pass *filter* is provided for *filtering* an 
output from the first multiplier. A second half-band digital low ... pass 
*fi.lter* *filters* an output from the second multipl;ier. 

A decimator is provided for decimating the number of samples from 
an output from the first half-band digital low-pass *filter*. The 
decimators each have an output which are input to a baseband *signal* 
*processor*. 

USE - In reception of phase and *amplitude* *modulated* digital 
signals of bandwidths up to 15MHz. @(6pp Dwg.Nc .• 3/3)@ 

File Segment: EPI 
Derwent Class: U23; R54; 
Int Pat Class: H03D-00l/06 
Manual Codes (EPt/S-X}: U23-K 

48/9/7 (Item 7 from file: 351) 
DIALOG{R)File 351:DERWENT WPI 
(c) 1996 Derwent Info Ltd. All rts. reserv,. 

007386726 WPI Ace No, 88-020661/03 
Related WPI Accession(s): 87-093595 

*Analog*-to-*digital* converter for adaptive television deghost::i.ng 
system - has IIR *filter* responsive to in-phase and *quadratur~*-phase 
components of *modulated* TV signals.; INFINlTE IMPULSE RESPOND ; 

Index Terms: *ANALOGUE* *DIGITAL* CONVERTER ADAPT TELEVISION SYSTEM 
*FILTER* RESPOND PHASE *QUADRATURE* PHASE COMPONENT *MODULATE* 
TELEVISION SIGNAL 

Patent Assignee: (RAOC) RCA CORP; (RADC} RCA THOMSON LICENSING CORP 
Author (Inventor): LEWIS HG; SHEAU-BAO N; NG s B 
Numbe:r: .of Patents: 003 
Number of countries: 004 
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Patent Family: 
J;>atent No Kind 
US 468657.0 A 
EP 228260 Bl 
DE 3.687961 G 

Date . Jveek Applic No 
870811 ,8803 us 813255 
930310 9310 EP 86309940 
930415 9316 DE 3687961 

EP 86309940 

Date 
851224 
861.218 
861218 
861218 

LA 

Eng 

Pages. IPC 
14 
10 H04.N-005/2l. 

H04N-005/21 

(B) 

l?riority Data (CC No Datel .: us 813255 {851224); us 824665 (860131) 
Applications {CC,No,pate) •• DE 3687961 (861218); EP 86309940 (861218:); El? 

86309940 {86121B) 
Language: English 
EP and/or WO Cited Patents: GB 2130839; GB 2146203 
Des~gnated States 

(Regional): DE; FR; GB 
Filing Details: DE3687961 Based on EP 228260 
Abstract {Basic): US 4686570 A 

The dig;i..tal samples developing appts comprises an input *terminal* 
for applying the input signals and a unit for developing a c.lock signal 
having a predetermined frequency. The cloc.k signal has two phases that 
are mutually *quadrature* phase related. A unit I coupled to thee input 
*terminal* and to the clock *signal.* developer, *processes* the, input 
*signals* to. produce *processed* *signals*.inoluding a Jurther :Carrier 
signal *modulated* by the base-base signals. The further carrier signal 
is locked in frequency and phase to one of the phases of the clpck 
signal. 

An *analog*-to-*digital* converter is coupled to the input 
*signal* *processor* and responds to the phases of the clock signal for 
alternately sampling the *processed* *signals* at instants determined 
by the phases of the clock signal,• respectively, to develop digital 
samples which alternately represent component.s of the *processed* 
*signals* that are respectively in-phase with and *q,.tadrature* phase 
related to the f.urther carrier signal. 

ADVAN'I'J\GE - Cancels ghost signal component.s of te.J,evision; signal .. 
Dwg.0/9 

Abstract (EP): 9310 EP 228260 B 
J\ method of de-ghosting a video signal by means of signal p.ffset 

circuitry, the circuitry comprising: a source {10-1.4.) for provici,ing an 
analog video signal having a training signal component; an *analog*-to
*digital * converter (26) coupled to .said s.ource. for developing a 
digital signal representative of said analog video signal; first means 
(16, 18} coupled to said source for cieveloping a control signal' (T) 
corresponding to .a .. Predetermined interval; and .second means {20;-24) 
coupled to said *ariaJ.og* -to- *digital* converter and responsive rto said 
control signal fol:' changing the correspondence between said ana·;tog 
video signals and said digital signal during said predeterrnined1 
interval, characterized in that the method comprises sel•ecting a 
portion of the vertical synchronizing interval of analog v:tdeo ffe:lignal 
to represent the training signal component, said portion having a 
dynamic range normally extending from black level to sync.. tip :level 
and which may include a ghost component which, when present, may tend 
to exceed the input signal dynamic range of said *analog* to *digital* 
converter {26) thus resulting in ghost *amplitude* clipping and" a 
corresponding loss of ghost signal *amplitude* information; producing, 
by said first means, said control signal only during said selected 
portion of said vertical synchronizing interval of said analog video 
signal; altering said correspondence, with said second means . 
(20,22,24.), between said training signal level and said input signal 
range of said converter such that said *analog* to *digital* coµverter 
does not clip peaks of the g.host component of the training sign;al for 
preventing said loss of said ghost *amplitude* information; and 
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employing digital de-gnosting circuitry (28) connc:,cted to an output of 
said *analog* to. *di_gital* convert.er (26) and responsive to said 
training signal havipg p;reserved ghost *amplitude* information for 
removing said ghost component from the active video portions of; the 
digitized video sign.al provided by said *analog* to *digital* · 
converter. 

Owg.2/2 
File segment.: EPI 
Derwent Class: U21i U23; W02; W03; 
Int Pat Cli;tS$! H04N-005/21; HO~N-005/40 
Manual Codes (EPI/$-X): U21-A03F; U23-P03; U23-P04; W02-G03B9; WQ.3 .. A03 

48/9/8 (Item 8 from file: 35l) 
DIALOO(R)File 351:l)ERWENT Wl?I 
(c) 1996 Derwent Info Ltd. All rts. reserv. 

004763768 WPI Ace No: 86-267.109/41 
XRPX Ace .No: N86-199667 

Digital zero IF circuit for use in radio or radar *receivers* has 
generator providi.ng two clock pulse trains in *quadrature* phas~ 
relationship for operating samplers in two signal paths; PAGE 

Index Terms: DIGITAL ZERO CIRCUIT RADIO RADAR *RECEIVE*; GENERATOR TWO 
CLOCK PULSE TRAIN *QUADRATURE* PHASE RELATED OPERATE SAMPLE TWO SIGNAL 
PATH 

Patent Assignee: {STTE } • STC PLC; ( INTT ) INT STANO ELEC CORP 
Author (I:nventorJ: WQijG AC C; ROLLEY R 
Number of Pa.tents: 006 
Pate:nt Family: 

cc Number Kind Date Week 
GB 2173364 A 861008 8641 (Basic) 
EP 197708 A 8&1015 8642 
AU 8655212 A 861.009 8647 
JP 61236204 A 861021 8701 
GB 2173364 B 881005 8840 
CA 1261924 A 890926 8945 

Priority Data (CC No Date): GB 858714 (850403) 
Applications (CC,No.,Date): EP 86302239 (860326); J'l? 8675636 (860403) 
Language: Engliah 
EP and/or WO Cited Patents: A3 •.. 8802; DE 3138464; EP 80014; GB 151.7121 
Designated st.ates 

{Regio.nal): AT; BE; CH; DE; FR; IT; L.I.; LU; NL; SE 
Abstract (Basic) .: GB 21.73364 

A *modulated* r.f .. signal is *received* and *amplified* (10). The 
*amplifier* r. f. signal then fed to two identical signal paths (llI., 
llQ) where the signal is sampled and,.,*digitised* by an *artalogue*-to
*digital* converter (12I,12Q). The digitised signal is then passed 
through a digital *filter* a..r:rangement {13I, 13Q) . Sampling of the 
analogue signal is controlled by two clock pulse trains in *quadrature* 
running at a. frequency 2fc, where fc is the carrier frequency of the 
input signal . 

The base-band content of the input signal is · e;x:tracted in th.e form 
of two phase *quadrature* components (I and Q) •. :secause aU the 
*signal* *processing* is performed in digital circuitry the bal:ance 
between the I and Q channels is maintained .. 'kQuadrature* orthogonality 
is maintained throughout a.wide range of frequencies fc, being .a 
function of the clock pulse orthogonality which is relatively e.asy to 
achieve. There is also a high uniformity of channel bandwidths ... @(4pp 
Dwg. No •. 1/2)@ 

Abstract (GB}: 88~0 GB 2173364 
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A digital zero IF circuit having first and. second signal paths to 
which a radio frequ~ncy signal is applied, each path including a 
sampling and digitising mean.s and a digital *filter* means, the• circuit 
including a clock genera.tor.arranged to.generate two clock pulse trains 
in *quadrature* phase relationship, .each sampling means being operated 
in response. to a respective one of the clock pulse trains. 

File Segment: EPI 
Derwent Class:, W02; wos; R56; R54; RS?; Rl9 
Int Pat Class: H04B-001/30; H03D-003/00 .. ; H04L-027/22; G0:L.S-007/30; 

G0l.S~013/50; 8030~007 /00 
Manual Codes (BPI/S-X): W02-G03.X; WOS-A0.5 

48/9/9 (Item 9 from file: 351) 
DIALOG(R)File 351:DERWENT WPI 
(c).1996 Derwent Info Ltd. All rts. reserv. 

004665.908 WPI Ace No: 86-lb9250/26 
XRPX Ace No: NBi-126257 

Frequency selective sampltng.detector for network analyser converts 
*analogue* signal to *digital* *signal* before heterodyning *process* 

Index Terms: FREQUENCY SELECT SAMPLE DETECT NETWORK ANALYSE; CONVERT 
*ANALOGUE* ,SIGNAL *DIGITAL* *SIGNAL* HETERODYNE *PROCEBB* 

Patent Assignee: (HEWP) HEWLETT PACKARD CO; {YOKB) YOKOGAWA-HEWLEtrT 
PACKARD 

Author (Inventor): HILTON HE 
Number of Patents: 002 
Patent Family: 

cc Number Kind Date week 
us 4594555 A 860610 8626 (Basic) 
JP 61116670 A 860604 8629 

P:ciority Data {CC No Date): US 665694 (841029) 
Applications (CC,No,DateJ: JP 85243794 (851.Q.2.9) 
Abstract (Basic): US 45.94555 

The appts. comprises a sample and hold device coupled to the 
bandpass *filter*, for sampl;i.ng the carrier signal *received* from it 
at a seletable rate. A converter coupled to the sample and hold device 
converts the carrier signal *received* to digital data. A. multiplier 
coupbed to the converter muJ,tiplies the digital data *received* by a 
selectable signal to,produCe an in-phase component of the *modulation* 
of the carrier signal. 

A second mul,tiplier coupled to the converter mult.iplies the 
digital data *received* by a second selectable signal to produc.!3 tl"le 
*quadrature* component of the *modulation* of the ca~rier signal. Two 
*filters* coupled to the two multiplier, r~spectively, *filters:* 
undesired components of the *modulation* signals *receiv~d*. 

ADVANTAGE - Since ADC is common to both in-phase and *quadrature* 
parts of the signal *amplification* and orthogonality are match'ed. 
Drift-free centre-frequency, bandwidth and phase referenc.e detector. 
®(22pp Dwg.No.2/23)® 

File Segme.nt; EPI 
Derwent Class: SOl; 023; R54; Rl8; R56 
Int Pat Class: H:03D-005/00; GOlR-023/17; H03D-007/00; E04B-001/26 
Manual Codes (EPI/S-X): S01-DO3C; S01-DOSC; U23-J; U23-X 

48/9/10 (Item 10 from file: 351) 
DIALOG(R)File 351:DERWENT WPI 
(c.) 1996 Derwent Info Ltd. All rts. reserv. 
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003593468 WPI Ace No: 83-E1666K/13 
XRPX Ace No: N83-.054454 

Multimode radio *receiver* has two channels providlng in-phase ~nd 
*quadrature* mixed s-ignals to and A-D converter followed by a d:igital 
*demodulator* 

Index Te.rms .: MULTIMODE: RADIO *RECEIVE* TWO CHANNEL PHASE· *QUAORA'I'URE* MIX 
SIGNAL *.ANALOGOE*-*DIGITAL* CONVERTER FO;LLOW *DIGITAL* *DEMODULATE* 

Patent Assignee.: { INTT ) INT STD ELEC CORP; (STTE ) STC PLC 
Author (Inventor): GOATCHER J K 
Number of Patents: 007 
Patent Family: 

CC Number Kind Date Week 
EP 74858 A 830323 8313 (Basic) 
GB 2106734 A 830413 8315 
JP 58114532 A 830707 8333 
US 4470147 A 840904 8438 
GB 2106734 B 860115 8603 
EP 74858 B 870708 8727 
DE 3276738 G 870813 8733 

Priority Data (CC NO Date) : GB 8:J..27797 {810915) 
Applications (CC,No,Date): us 415968 (820908); EP 82304.870 (820915} 
Language: English 
EP and/or WO Cited Patents: No.SR.Pub; us 4090145; GB 2040615 
Designated states 

(Regional): CH; DE; LI; SE 
Abstract (Basic): The *receiver* includes two signal paths, in .one of which 

a *received* signal is mixed with a local oscillator frequen<;:y running 
at the main transmission frequency and then *filtered* to give an 
in-phase signal. In the other pa.th the *received* signal is mixed with 
the local oscillator frequency but with a relative phase shift and then 
*filtered* to provide a *qu.adrature* signal. 

An *analogue.*-tb-*digital* converter stage is provided to digitise 
the signals and a di.gital.*signal* *processor* is arranged to 
*demodulate* the digitis.ed signals. This appts. is capable of 
*receiving* a.nd *demodulating* two of the following types of 
*modulation*; phase, *amplitude*, frequency, and single sidebantl 
*modulation* a.nd it can also be used in a single mocte. (19pp) 

Abstract (OS) : 8438 us 4470147 
The.*receive:r* includes a signal path including circuitry for 

mixing the *received* signal with a local oscillator frequ.ency ;running 
at the main transmission frequency which is the centre frequency of the 
side band . . The mixed signal is *filtered* to provide a signal defined 
as an in-phase signal (I)•· A second. signal path includes circuitry tqr 
mixing the *received* RF signal with the local oscillator frequency but 
with a relative phase shift. The second mixed signal is *filter~d*, to 
provide a second *filtered* signal defined as a *quadrature* signal Q. 

The I and Q signals are convert'e"'d into respective digitised I and 
Q signals, and a digital *signal* *processor* *demodulate* the 
digitised signals. ®(9pp)@ 

Abstract (GB} : 8603 GB .2106734 
A radio *receiver* comprising a first signal path in which a 

*received* signal is mixed with a local oscillator frequency running at 
the same frequency (e.g. main transmission frequency) and then 
*filtered* to give a first mixed signal defined as an in-phase signal 
(I.), a second signal path in which the *received* signal is mix.~d with 
the local oscillator f:requ.ency but:. with a substantially 90 deg.phase 
shift and then *filtered* to provide a second mixed signal defiped as a 
*quadrature* signal Q; an *analogue* to *digital* converter stage to 
digitise the I and Q signals; and a digital *.signal* *processor* 
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arranged to *demodulate* the digitised I and Q siy.n.als and inc1hdirtg 
means to derive *amplitude* (R) and/or phase {theta) of ehe · 
*modulation* signal~ from the digitised I and Q signals and means to 
derive the respecti v:e output of atty two or more of: a). phase 
*modulation*, b) *.amplitude* *modulation*, c} frequency *modulat.ion*, 
d) single side band *modulation*. 

Abstract (ER) : 8727 EP 74858 
A radio *receiver* comprising a first signal path in which a 

*received* signal is'mixed with a local oscillator and tben *filtered* 
to give a first mbced signal defined as an in-phase signal T, a second 
sign.al path in which the *received* signal is mixed with tbe lo·cal 
oscillator frequency but with a substantially 90 deg. phase shift and 
then *filtered* to provide a second mixed signal defined as a 
*quadrature* signal Q, an *analogue* to *digital* converter sta~e to 
digitise and I and Q signals; and a digital *signal* *processor* 
arrang.ed'·to *demodulate* the digitised I and Q signals and including 
means to derive *amplitude* Rand phase theta of the *modulation* 
signals from the digitised r and Q signals, characterised in that t.he 
*receiver* is arranged to *receive* and, *demodulate* at least single 
side band *modulated* (ssbm) signals., and in that there is meanie (Ll) 
to subtract or add phase at the sideban<i off$et frequency.of the phase 
angle phi to provide a new phase angle theta, and means (M) to derive R 
sin theta or R cos theta to produce digitised signal side band 
*demodulation* depending respectively on whether the phase is 
subtracted or added. @ { llpp.)@ 

File Segment: EJ?I 
Derwent Class: 023; W02; R54; R56; 
Int Pat Class: H03D-001/00; H03D-003/00; H03D-OOS/OO; H04B-001/16 
Manual codes (EPI/S-Xl: 023-K; 023-Li W02-G03A; W02-G03X 
?pause 
>>> PAUSE start.ed. 
? 
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File 9 :Business &: IndusLry(R) Jul ,1994-1996/Sep 10 
(c) 1996 Resp. DB Svcs. 

File 15:ABI/INFORM(R) J.971-1996/Sep W2 
(c) 1996 UMI 

File 16.: I.AC PROMT{RJ 1972-1996/Sep 10 
(c} 1996 Information Access Co. 

File 88: IAC BUSINESS A.R .. T. S. 1976-1996/Sep W2 
(c) 1996 .Information .. Access Co 

File 148:IAC Trade & Industry Database 1976-1996/Sep 10 
(c) 1.99E> !nfo .Access Co 

File 275:IAC(SMJ computer Database(TMJ 1983-1996/Sep 10 
(c:) 1996 Info .Access Co 

File 621: IAC New Prod,A.nnou. (RJ 1985-.1996/Sep 10 
(c) 1996 Information Access Co 

File 624.:McGraw.-HiU Publications 1985-1996/Sep OS 
(c) 1996 McGraw-Hill co. Inc 

File 636:IAC Newsletter DB(TM) 1987-1996/Sep 10 
(c) 19 . .96 Information Acce .. ss Co. 

?ds 

Set Items Description 
Sl 793853 VOICE OR'AUD!O OR ANALOG? 
·s2 26348 Sl (2N) SIGNAL? 
S3 2261134 COMPRESS? OR REDUC? OR REDN? 
S4 1922 SUBCHANNEL? OR SIJBCIRCOIT? OR SIJBFACILIT? OR SOBLINE? OR$-

UBPATH? OR SUBLINK? OR SUB() (CHANNEL? OR CIRCUIT? OR FACILIT? 
OR LINE? OR J?ATH? OR LINK'?) 

S5 384.2877 TIME 
S6 597 SINGLE(lW) (SIDEBAND? OR SIDE()BAND? ?) 
S7 7 S2.(4N)S3 AND 84 ANO S5 
sa O S7 A.ND S6 
S9 56 S1(4N}S3 AND S4 AND SS 
SlO O S9 AND S6 

834 
? 
t34/6/all 

4 RD S7 (unique items} 

34/6/l (Item 1 from file:• 16) 
05960064 
TTC announces new GSM Option for the T-BERD 107A. 
*FOLL TE:XT AVAILABLE IN FORMAT 7 OR 9* WORD COUNT: 327 

34/6/2 (rt._em 1 from file: 88) 
01705817 SU~PLIER NUMBER: 03730472 (USE FORMAT 
!Qll. 'B'S. (conv,.n~n pr,.,riew, complet« ageJJda & guide 
WORD COUNT: 2265~ LINE COUNT: 02819 

34/6/3 (Item l from file: 148) 

7 OR 9 FOR FULL TEXT) 
to exhtibits) 

08124425 SUPPL~ER NUMBER: 17389671 (USE FORMAT 7 OR 9 FOR FULL TEXT) 
Plastics technology:--,manufacturing handbook & buyers' guide 1995/96.(Buyers 

Guide) '\. 
WORD COUNT: 174436 ·. LINE COUNT: 15187 

34/6/4 (Item 2 from f.ile: 148) 
02829377 SUPPLIER NUMBER: 04182403 (USE FORMAT 7 OR 9 FOR FUµL TEXT) 
Should you be your own Bell? (T-1 MOX-Switches) 
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WORD COUNT: 4067 LIN~ COUNT: 00318 
??t34./3, k/all 
>>>KWIC option is not available in file(s): 621 

34/3.,K/1 {Item 1 from file: 16) 
DIALOG(R)File 16:IAC PROMT(R) 
(c) 1996 Information Access Co. All rts. reserv. 

05960064 
TTC announces new GSM Option for the T-BERD 107A. 

Business Wire Jan 29, 1996 p. 01291420 
*FULL TEXT AVAILABLE IN FORMAT 7 OR 9* WORD COUNT: 327 

... BERD 107A. 
This handheld T-Carrier analyzer can now decode and monitor the' quality 

of compressed voice signals in GSM wireless networks. This 
product will be shown for the first time at the ComNet 1 96 trade show 
in Washington, D.c. 

The new option allows users ... 

the new option 
single sub channel 

11 TTC realizes 
their wireline ... 

enables users to insert a GSM specific. VF tone into a 
of a DSO. 

that wireless service providers have special needs for 

... .at any location along the netwo:r;-)c o Select the DSO and any of the four 
subchannels they wish to decode and. monitor 

o Insert a GSM ... specific VF tone into single subchannel of. a DSO o 
View activity on a selected channel even when no speech is ... 

34/:3, K/4 {Item 2 from file: 148) 
DIAL0G{R)File 148:IAC Trade&. Industry Database. 
(c) 1996 Info Access Co. All rts. reserv. 

02829377 SUPPLIER NUMBER: 04182403 (USE .FORMAT 7 OR 9 FOR FULL 'l'BXT) 
Should you be your own Bell? (T-1 MOX-Switches} 
Stix, Gary 
Computer Decisions, vl8, p74(7) 
March 25, 1986 
ISSN: 0010-4558 
WORD COUNT: 4067 

LANGUAGE: ENGLISH 
LINE COUNT: 00318 

RECORD TYPE: FULLTEX:T 

bandwidth of 1.54 Mbps. Th7y also allow for a greater volume of 
voice traffic. Compressed voice signals can be carried ~n as 
little as a quarter of the 64-Kbps bandwidth normally ... 

• .. . stronger bargaining position with competitive vendors of T-1 line.s. He 
says that at the time of the AT&T divestiture two years ago, the bank 
was quoted an 18-month ... credibility challenge, the longer the wai.t, the 
more the likelihood that the manager --perhaps, this time , in 
disguise-- will have to go back to the brass yet again to authorize a •.. 
random burst errors occu;r on T-l lines. 11 They occur in some relation to the 

time of year, in relation to humidity in certain parts of the 
Southwest, and when a ... 
: .. When an error burst occurs, a T-1 max/switch can shut itself off, or 11 

time out , ' ,after an interval . Dave Stewart, GE' s manager o.f programs in 
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corporate telecommunications .operations .... 

... an option called Cust:omer-Controlled Reconfiguration (CCR} that ianables 
t.he customer to switch 64-Kbps subchannels in the T-1 link. Thet 
switching takes place at an AT&T central off.ice.,. 
? 
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Set Items Description 
Sl 793853 VOICE OR AUDIO OR ANALOG? 
S2 26348 S1(2N)STGNAL? 
S3 2261134 COMPRESS? OR REDUC? OR REDN? , 
S4 1922 St.JBCHANNEL? OR SOBCIRCUIT? OR SUBFACILIT? OR SUBLINE? ORS-

UBPATH? OR SUBLINK? OR SUB(} (CHANNEL? OR CIRCUIT? OR F~CILIT? 
OR LINE? OR PATH? OR LINK?} 

S5 3842877 TIME 

S12 
S13 

25 
0 

(BANDWID? OR BAND (lN} W!D'I'H) (4N) S3 A.ND S4 
{VOCOD? OR COMPA.NDOR?) {4N)S3 AND S4 

$36 
S37 
S38 

17 
9 
8 

(BANDWID? OR BANP (lN) WIPTB'?) (4N) SJ (SON) S4 
S36 (SON) {.Sl OR SS) 

? 
t:.38/3,k/a.ll 

RD S37 (unique items) 

>.>>KWIC option is not available in file (s) : 621 

38/3,K/1 {.Item 1 from file: 148.) 
DT.ALOG (R) File 14.8: !AC Trade &. Industry Database 
(c) 1996 Info Access Co. All rts. reserv. 

03652500 SUPPLIER NUMBER: 06977005 
Tl lines offer flexibility, affordability 

series) 
Kraska,. Paul .A. 
Government computer News, v7, n19, p39(2) 
Sept 1.2, 1988 
ISSN: 07.38--4.300 LANGUAGE: ENGLISH 
WORD COUNT: 1630 LINE COUNT: 00136 

(USE FOR.MAT 7 OR 9 FOR FULL TEXT) 
and efficiency. (last in a 

RECORD TY:PE; FULLTEX'l'; ABSTRACT 

er.ror conditions and running diagnostics. 
Five features point-to-point multiplexers have in common are 

voice compression , . subchannel multiplexing to make efficient 
use of bandwidth for data communications, D4 and DAC.S compatibility, 
channel diagnostics, and a software-controlled ar'chitecture. · 

Products ... 

38/3, K/2 (Item 1 from file: 275) 
D!ALOG{R)File 275:lAC(SM) Computer Database(TM) 
(c) 1996 Info Access Co., Aljrts. reserv-:·· 

01529543 SUPPLIER NUMBER: 12487925 (USE FORMAT 7 OR 9 FOR FULL TEXT) 
Routing: What's around the bend? (Cover Story) 
Petrosky, Mary 
LAN Technology, v8, n8, pS0 (11.) 
August, 1992 
DOCUMENT TYPE: Cover Story ISSN: 1042-4695 LANGUAGE: ENGL~SH 
RECORD TYPE: FULLTEXT; ABSTRACT 
WORD COUNT: 4225 LINE COUNT: 00329 

Network managers can use a Tl line more efficiently by conn~cting a 
router to a time -division multiplexer. A TDM can handle both analog 
and di.gital traffic, and provides bandwidth management through . 
techniques ~.uch as multiplexi.ng, data compression , and dividing! a link 
into subchannels . 

"Router technology is going to be combined in th.e trac:Utionc;1,l: TOM for 
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network management and .... 

3 8 / 3 , K/ 3 (Item 2 from file : 2 7 S) 
DIALoG{R)File 275:IAC(SM) Computer Database(TM} 
(c) 1996 Info Access Co. All rts. reserv. 

01259991 SUPPLIER NUMBER: 07210939 (USE FORMAT 7 OR 9 FOR FULL TEXT) 
Security Pacific relates technology to people. (Security Pacific Bank 

Corp.) (includes related article on merging acqui.red banks with Security 
Pacific) (cottrpany pro.file) 

van collie, Shimon-Craig 
Computers in Banking, vs, nl2, p24(5) 
Dec, 1988 . 
DOCUMENT TYPE: company profile ISSN: 0742-6496 LANGUAGE: ENGLISH 
RECORD TYPE: FULLTEXT; ABSTRACT 
WORD COUNT: 2601 LINE COUNT; 00206 

any circumstances. 
Dor.£ adds that the direction this technology is heading includes 

using the network subchannels to carry voice a1;a data. The goal is 
to subdivide the band widths and digitize voice , pictures, and 
data. As a re.sult, other cost saving features become .available such1 as 
video conferencing, which reduces traveling expenses. Another s~rong 
area of development is high-speed image technology. Management estimates 
they ... 

38/3,K/4 (Item 1 from file: 6.24) 
DIALOG(R)File 624:McGraw-Hill Publications 
(c) 1996 McGraw-Hill Co. Inc. All :rts. reserv. 

0704315 
THE NEW PC: Four new technologies will usher your next PC into the. '90s 
BYTE October, 1995; Pg 52; Vol. 20, No. 10 
Journal Code: BYTE ISSN: 0360-5280. 
Section Heading: COVER STORY 
word count: 2,523 *Full text available in .Formats s, 7 and .9* 

BYLINE: 
TOM R. HALFHILL 

TEXT: 
... on the type of universal asynchronous receiver/transmitter (UART) in the 
compµ,ter. USB's maximum bandwidth is 12 Mbps--although actual data 
throughput is more like a Mbps--inc,l.µd.ing a 1-Mbps Subchannel for 
low-speed devices like a. mouse or keyboard. That's enough bandwidth to 
handle everything from keyboards and mice to video monitors,··• modems, 
scanners, printers, ISDN adapters, and MPEG-2 compressed video. 

In addition, USB is both asynchronous and isochronous. Isochronous 
transfers, such as audio and video, get top priority, assuring that 

time -sensitive data streams are not interrupted. USB lets you 
daisy-chain up to 127 devices ... 

31:3/3,K/5 (Item 2 from file.: 624) 
Dl1\J.,QG{R) File 624 :McGraw-Hill Publications 
(c) 1996 McGraw~Hill Co., !nc. All rts. reserv. 
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0088907 
Tl network design and .-planning ma.d.e easier: A few simple steps, with just 

a little math, can·greatly simplify the design of a reliable and 
cost-efficiertt Tl network. 

bata Communications September, 1988; Pg 199; Vol. 17, No. 10 
Journal Code: DC , ISSN: 0363--6399 
Section Heading: Features 
Word count: 2,483 *Full text available in Formats 5, 7 and 9* 

BYLINE: 
Ranjana Sharma, Telesyne Consulting Inc,, San Jose, Calif. 

TEXT: 
. . . which can be grouped or further submultiplexec:1 to transport the 
follow.i.ng special services: 

Forty-four compressed 32-kbitJs ADPCM (adaptive diffe:tentia.1 pulse code 
modulated) voice channels {four bundles of six contiguous DS-0s, each 
bundle carrying 11 voice cha.rtnels plu.s one signaling channel). 

subrate data channels, consisting of multiple data channels of four ..• 
. . . 4, 4.8, 9.6, and 56 kbit/s--which fit into one DS-0 subchanne11 

Compressed video, which typically occupies one bundle (3a4 ~bit/s), 
equivalent to six PCM or 11 ADPCM channels. 

A phys.ical Tl backbone supports a logical network o!f lower 
bandwidth links. This mapping of the logical network onto .the physical 

network actually determines the number ... 

38/3,'J{/6 (Item 3 from file: 624) 
DIALOG(R)File 624:MdGraw-Hill Publicatio.ns 
(cl 1996 McGraw-Hill Co. Inc. All .. rts. reserv. 

0069403 
Pondering the private-to-public fiber connection: FDDI to Sonet 
Data Communications May, 1988; Pg 68; Vol. 17, No. 5 
Journal Code: DC ISSN: 0363-6399 
Section Heading: Newsfront 
Word count: 597 *Full text available in Formats 5, 7 and 9*: 

BYLINE: 
Robert Rosenberg 

TEXT: 
••. the result of tokens taking too long to circulate over long distances, 
is likely to reduce the throughput when intercity FDDI rings are 
created. 

Another drawback pf the bridge approach is that much of tpe Sonet 
subchan.nel bandwidth dedicated to FDDI would go unused most of the 
time , since FDDI traffic tends to remain in the local area. 

FDDI and Son.et could also ... 

38/3, K/7 ( Item 4 from file: 624) 
DIALOG(R)File 624:McGraw-Hill Publications 
{c) l996 McGraw-Hill Co, Inc. All rts. reserv. 
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0003843 
Long overdue, Tl takes q,ff --but where is it heading?: 

is moving quickly into customers' premises.. Indeed, 
attention. 

Data communications June 1985; Pg 120; Vol. '.1.4, No. 7 
Journal Code: DC ISSN: 0363 -6399 
Section Heading: Feature 

After 20 years, Tl 
even ISDN i.l;; paying 

word count: 10,893 *Full text available in Formats 5, 7 an.d.19* 

BYLINE: 
Edwin E. Mier I DATA COMMUNICATIONS 

TEXT: 
... multiplexing, cal'ied 4 multiplexing, effective this past January 5. With 
4, up to 44 customer voice conversations can be carried over the same 
DS-1 signal that earlier c:=ould support only 24. 

4 digitizes a voice signal using 32-kbit/s ADPCM (adaptive 
differential pulse code modulation), which cuts in half the 6~-kbit/s 

bandwidth otherwise required for voice digitization. ADPq,t is not 
simply a halving of the 64-kbit/s rate, however, but rather a; type of 

, voice -coding compre.ssion . As a result., 4 mult..iplexing lim;its data 
transmission over any of the, subchannels to no more than about 4.8 
kbit/s, or about what a user would get from a voice ---grade line. By 
compax:-ison, users can transmit up to56 kbit/s in a Tl... : 

38/3, K/8 (Item l from file: 636) 
DIALOG(R)File 636:IAC Newsletter DB{TM) 
.Cc) 1996 Information Access co. All rts. reserv. 

01523219 
CABLELABS RFP ENTERS CONTRACTING PHASE; PROMOTES 
Video Technology News June 22, 1991 V. 5 
lSSN: 1040-2772 WORD COUNT: 583 
PUBLISHER: Phillips Publishing, Inc. 

DIGITAL VIDEO TECHNOLOGY 
NO. 13 

u .. s. HDTV standard, the· system includes satellite integrated 
receiver/decoders CIRDs} that can receive analog as well i;iS; digital 
transmissions. Allows up to 10:1 compression of NTSC signals. The proposal 
will include cable consumer decompression units. (312/541--5030.) ' 

)?hilips Broadband Networks--Its compressed Digital Video; system 
includes an 11 open 11 architecture that will allow multiple vend;ors'. The 
system uses MPEG video compression , the European Musicam , audio 

compression standard and the .Eurocr,ypt conditional access system with 
smartcard technology. It allows up to 4,096 digital subcliannels, within 
each 6 MHz of bandwidth and is designed to accommoda.te NTSC as! well as 
16:9 HDTV signals. (3.15/682-9105.} 

Scientific-Atlanta/Zenith Electronics 9orp.--The system combines S-A's 
vector quantization (VQ) compression technology with the 4-VSB 
modulation and transmission technology that is used in Zenith's .•. 
? 
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Set 
S1 
S2 
S3 

S5 
S6 

S20 
S21 
S22 

Items 
793853 

2634"8 
2261134 

3842877 
597 

19677 
196 

0 

Description 
VOICE QR AUDIO OR ANALOG? 
S1 {2N) SIGNAL? 
COMPRESS? OR REDUC? OR RBDN? 

TIME 
SINGLE(lW) (SIDEBAND? OR SIDE()BAND? ?) 

.. '\ 

BASESTATlON? OR LANOSTAT!ON? OR (BASE OR LAND) ()STAT10N? 
S20 AND S1(4N)S3 AND $5 
S20 AND Sl C4rn $3 ANO S6 
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Set 
Sl 
S2 
S3 

Items 
793853 

26348 
2261134 

Description 
VOICE OR. AUDIO OR ANALOG? 
Sl(.2.N)SrtNAL? 
COMPRESS? OR REDUC? OR REON? 

S6 

S39 
$40 
S41 

597 

4352 
8 
7 

SINGLE:{lW) (SIDEBAND? OR SIDE()BANO? ?} 

$1(4N)S3(50N)RECEIV? 

? 
t41/3,k/all 

S39 (SON} S6 
RD S40 (unique items) 

>>>KWIC option is not available in fi1e(s): 621 

411'.3, K/1 ( Item 1 from file: 15} 
DIALOG(R)File 15:ABI/INFORM(R) 
(c} 1996 UMI. All rts. reserv. 

0092785'7 95-77249 
Put on the squeez.e 
Shapiro, Norman 
Communications v31r19 PR: 48 Sep 1994 
ISSN: 0010-356X JRNL CODE: CMN 
AVAILABILITY: Fulltext online. Photocopy available from ABI/INFORM 8074.00 
WORD COUNT: 1033 

..• TEXT: sideband, wha.t kind of modulation is it? Actually, the modulation 
method is called ampli t1,1de compam:;lored single si.<ieband (ACSB} with 

reduced ci::'.rrier. The transmit modulation is compressed to maximize 
the average RF power out. The more power, the better the .signal-t;.o-.rtoise 
ratio. At the receive end, the recovered audio is decompr$stsed back 
to its natural sound. 

The microphone's. output 
-to-digital converter. 
modulation.) and it is ..... 

is 
The 

compressed 
converter's 

and 
output 

passed to an analog 
is PCM (pulse coded 

. . . in t.he DSP with the signal in this digital form. The microphone signal 
is further compressed , pre-emphasis is added, and the higher frequency 
:::iomponents of the microphone's signal are ... 

41/:-3,K/2 (Item 1 from file: 148) 
)IALOG(R)File 148;IAC Trade&. Industry Database 
(c) 1996 Info Access co.·All rts. reserv. 

)4822956 SUPPLIER NUMBER: 08888288 ,,,,,,(USE FORMAT 7 OR 9 1FOR FULL TEXT} 
iovatel looking to enter land mobile radio. 
Industrial Communications, n35, p5{2) 
3ept 7, 1990 
[SSN! 0737-0415 LANGUAGE: ENGLISH RECORD TYPE: FULLTEXT 
~ORD COUNT: 983 LINE COUNT: 00075 

s Gary H. Bolen extolled the virtue.a of narrowband teCJ:lno1o~ for 
?ublic Safety. 

A small nucleus of pe9ple is currently involved in the planning 
?rc;>cess at t,;fovAtel, which is foqusJng on ... 

. .. several taxi and trucking companies. Texas Utilities, Commonwealth 
!!dison, New York Power and Alabama Power ~ a few of the utili:ties 
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involved. But only 2% of the current narrowband U$ers are ..• , 

•.•.. He separated narrowb'and into 2 different categories, amplitude 
compandored s.ingle sideband (ACSSB) and real zero single sideband 
(RZSSB). "Narrowband technologies are focused strict on single channel, s 
kHz wide separation,'·' he said. "Typically, the technology is based on 
amplitude ... modulated single .sideband techniques. 

"Narrowband technology eliminates the carrier and the lower sideband, 
broadcasting only on the upper sideband. This sideband contains the; 

audio information, and the .result is a 5 kHz channel separation;, 11 he 
added. 

Mo.st, if no,t all, of the narrowl;,and technology in use today is ACSSB. 
ACSSB is a coml;,ination of comPl'.'ession and expansion of the aig~al. The 
transmitter can compress the signal, .if needed, and.the receiver 
expands the signal to its original size on the other side. "The res.ult is 
you, .. 

41/3., I</3 (Item 2 .from file: 148) 
DIALOG(R.JFile 148:IAC Trade&. .Industry Database 
(c) 1996 I.nfo Access Co. All rts. reserv. 

04112295 SUPPLIER NUMBER: 07976819 {USE FORMAT 7 OR 9 FOR FOLL TEXT) 
Radio data tran.smission techn.iques for SCADA; how Enron uses meteor! burst 

radio for reliable master station communications with remote radib 
points. 

Frasier, William E. 
Pipe Line Indust:ty, vn, n3, p4.0{3) 
Sept, 1989 
ISSN: 0032-0145 
WORD COUNT: 1533 

LANGUAGE: ENGLISH 
LINE COUNT: 00118 

RECORD TYPE: FOLLTEXT 

in carrier or mirror image sideband signals. It is very much based 
upon late 1940 single sideband techniques with some modern refi;nement. 
First the input data or voice is compressed as was done in the 
broadcast industry to maintain nearly full modulation withc,ut overloading. 
Then a piJ,ot tone is adc;ied for the receive.r to lock-on in orderi to 
detect the signal property. 

There was some ACSB activity 

41/3,K/4 (Item 3 from file: 148) 
DIALOG(R)File 148:IAC Trade & Industry Database 
(c) 1996 Info Access Co. All rts. reserv. 

04070416 SUPPLIER NUMBER: 077~3865 . , (USE FORMAT 
Spectrum allocation forthcoming •.. any for cellular? 
Industrial Communications, n26, p6(3) 

7 OR~ FOR FQLL TEXT) 

July 21, 1989 
ISSN: 0737-0415 
WORD COUNT: 887 

LANGUAGE: ENGLISH 
LINE COUNT: 00073 

RECORD TYPE: FULLTEXT 

is much easier to understand. The "amplitude" part of the term 
indicates the technique is analog , not digital. 

"The term 'comp.and' is the combi:nation of 2 other words: COMpress 
and exPAND ... Companding is achieved by first compressing the amplitude 
of the voice signal before modulation and transmission, and then 
expanding this signal after detection in the receiver to restor:e its 
original .dynamic range," according to the Justice report. 

'Sideband' is a generic •.. 
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... sideband amplitude modulation with suppressed carrier (SSBSC) ha's the 
narrowest emission bandw,.idth of all the analog modulation scbem~s. 
Companding is an enhancement to SSBSC to make it even more efficient. 

"At ... 

41/3,K/S (Item 4 from file: 148} 
DIALOG(R)File 148:IAC Trade & Industry Database 
{c) 1996 Info Access Co. All rts. reserv. 

02173401 SUPPLIER NUMBER: 03477024 (USE FO~T 7 OR 9 FOR FULL TEXT) 
Spectrum-based communications. (pa:tt 3 of a series on. developments in 

telecommunications) 
Stewart, Alan 
Teleph.one Engineer & Management, v88, p76(6) 
Oct :1,5, 1984 
ISSN: 0040-263X 
WORD COUNT: 3045 

LANGUAGE: ENGLISH 
LINE COUNT: 00249 

RECORD TYPE: FULLTEXT 

has exceeded projections to the extent that the Federal . 
Communications Commission (~CC) bas adopted a reduced orbital ch::-iteria 
to avoid impending congestion. This new criteria has major implicat;ions 
both for control .... 

.. . a system of time-sharing the full transponder bandwidth among group of 
earth stations enables single sideband modulation to be used 
effectively. 

Another major step toward full implementation ,of bandwidth-litnited 
modulation ... 

41/3,K/6 (rtem 1 from file: 624) 
DIALOG(R)File 624:McGraw-Hill Publications 
{c) 1.996 McG:taw-'Hill Co. Inc. All rts. reserv. 

0110678 
Network impairments.: '!'he. dark side of the force 
Data Communicatici.ns Febt'l.lary, l$l89; Pg 12.2; Vol. 18, No. 2 
Journal Code: DC ISSN: 0363-6399 
Section Heading: Featu.res 
Word count: 1,091 *Full text available in' Formats s, 7 and 9* 

TEXT: 
.•. to have a periodic, time-varying amplitude lev~l. 

cause: Residual amplitude modulati0n after fd~modulatiop of single 
-sideband amplitude modulation in carrier systems. N .. carrier sys,tems are 
the most common source. 

Effect ... 

adapt to and cancel this impairment. 
prevalent, amplitude jitter can significantly 
margin. 

Although 
reduce 

generally not very 
recei.ver error 

Echo: Also 
points in 
at.tenuated, 

received 

referred to as reflection, this impairment occurs at multiple 
the network and causes the modem receiver to see multiple . ., 
delayed, and distorted versions of its own transmi~ted and 
signal. 
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Cause: Echo is caused by any analog impedance mismatch in the 
network. The largest echo with which a modem must·deal .is •.. 

41/3,K/7 (Item 1 frpm file: 636) 
DIALOG(R)Fi1e 636:IAC Newsletter DB(TM) 
(c) 1996 Information Acce.ss Co. All rts. reserv. 

00666079 
DE:SPER.ATELY SEEKING SPECTRUM 
INDUSTRIAL COMMUNICATIONS July 21, 1989 V. 1 NO. 28 
ISSN: 0737-0413 WORD COUNT: 549 
PUBLISHER: Phillips Publishing, Inc . 

... is much easier to understand. 'l'he 11 amplitude 11 part of the term indicates 
the technique is analog , not digital. 

11 The term 'compand' is the combination of 2 other words: COMpre.ss and 
exPAND •.. companding i.s achieved by f.irst compres.sing the amplitude of 
the voice signal before modulation and transmission, and then e?<:panding 
this signal after detection in the :receiver to restore its original 
dynamic range," according to the Justice report. · 

Sideband' is a generic ... 

. . . sideband amplitude modulation with suppressed carrie.r (SSBSC) has the 
narrowest emission bandwidth of all the analog modulation schemes. 
Companding is an enhancement to SSBSC to make it even more efficient. 
11 At ... 
? 
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84 19.22 SUBCHANNEL'( OR SUBCIRCUIT? OR SOBFACILIT? OR SUBLINE? OR S-
UBPATH? OR SUBLIN'K? OR SOB{) (CHANNEL? OR CIRCUIT? OR FACILIT? 
OR LINE? OR PATH? OR LINK?) 

SS 3842877 TIME 

842 927116 PAGE OR RAD!OPAG? OR PAGING OR BEEP? OR PAGE?? OR ;RADIO? -
?(2N) (SUMMON? OR PRECONI?) 

S43 59 S4.2(SON)$4 
$44 8 S43 (SON) (SS OR AMPLI? OR FILTER?) 
S45 5 RD S44 (Unique items) 
? 
t45/3, k/all 
»>I<WIC option is not available in file {s) : 621 

45/3,K/1 {Item. l from file: 15) 
·nIALOG (R} File 15 :ABI/INFORJ.1fR) 
(c} 1996 UMI. All rts. reserv. 

oo,agaa6 93-86101 
IBM woos large PC sites with extensive service 
Corcoran, Cate 
InfoWorld v15n27 PP: 1, 79 Jul 5, 1993 
ISSN: 0199-6649 JR.NL CODE: IFW 
AVAILAB.ILITY: Fulltext online. Photocopy available from ABI/lNFORM :12101. 01 

Article Ref. No.: B-IFW-290-1 
WORD COUNT: 390 

, •• TEXT: he said. 

'l'he company also announced it will break its PS/2 line into two 
sublines : Tradi t.ional and Enhanced. 

The Traditional line is aimed at the same corporate sites as the ... 

. • • 2 Enhanced line is 
technology. (See chart, 

aimed 
page 

at 11 early ;acfopters" who want the newest 
L) (Chart omitted) 

With its Premium Partners Program, IBM intends to address the. unique needs 
and problems IS managers fac.e when .companies install thousands of PCs at 
one time for specific mission-critical applicat:lons. 

Lately, IBM has relied on its dealers to meet the •.. 

45/3,K/2 (Item 1 from file•: 14.8) 
DIALOGCR)File 148:.IAC Trade & Industry Database 
{c) 1.996 Info Access Co. All rts. reserv·;" 

07877787 SUPPLIER NUMBER: 16882249 (USE FORMAT 7 OR 9 FOR FULL TEXT) 
Universal bus to simplify PC I/0: new inteda,:;::e to service keyboard!s, mice, 

tele.com, and more. (12-Mbps universal serial Bus baCked by Inte.l, ' 
Microsoft and computer and telephony makers) (includes related article on 
how to obtain the specification} 

Slater, Michael 
Microprocessor Report, v9, ns, pl(5) 
April 17, 1995 
ISSN: 0899-9341 
WORD COUNT: 3995 

LANGUAGE: ENGLISH 
LINE COUNT: 00307 

RECORD TYPE: FULLTEXT 

vers.ion of the spe,:;::ification has just been released, and it, is 
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available on request (see page 9). After collectJ..ug industry feedback, 
the USB group plans to..deliver version 1.0 in .. ~ 

... debut at fall Comdex: and. begin shipping in the first quarter of :1996. 
Low-Speed Subchannel cuts Peripheral Cost 
Early USB design work assumed a data rate of 5 Mbps, represeut;ing •.. 

. . . signal. quality is significant for a low-cost: device like a. mouse. At the 
same time , some high-end applications--notably MJ?EG--2 video and. other 
CD-ROM software would benefit ... 

45/3, K/3 (Itern 1 from file: 275) 
DIALOG(R)File 275:IAC(SM) Computer Database(TM) 
(c) 1996 Info Access Co. All rts. reserv. 

01686904 SUPPLIER NUMBER: 16000104 
Star-dot.,star tips. (question-and-answer) 
Glass, .Brett 

(USE FORMAT 7 OR 9 FOR FULL TEXT} 
(Here's How) { Column) 

PC World, vl2, n6, p282(3) 
June, 1994 
DOCUMENT TYPE: Column 
RECORD TYPE: FULLTEXT 

ISSN: 0737-8939 LANGUAGE: ENGLISH 

WORD COUNT: 1823 LINE COUNT: 00138 

Timer from the Object list and Timer O from the Proc list, and 
enter If Mid$( Time $,4,4) "' "00:0" Then Beep between the Sub1 and End 

sub lines . This single line does all the real work in the wog:ra.m: 
Once every second, it checks four characters in the middle of the j Time $ 
function's output (which is fo.rmatted HH.:MM:SS) to see if the time is 
within the first 10 seconds after the hour. If it is, the speaker .b~eps ... 

4.5/3, K/4 (Item J. frbm file: 621) 
DIAI.iOG(R)File 621:IAC New Prod.Annou. (R) 
(c} 1996 Information Access Co. All rts. reserv. 

0353027 
News Release 
DATELINE: BROOMFIELD, CO April 5, 1993 WORD COUNT: no 6 

McDATA ANNOUNCES UPGRADES FOR THE MARKET'S FIRST PORTA$LE .ESCON PROTOCOL 
ANALYZER 

45/3, R/5 ( Item 1 from file: 636) 
DIALOG (R) File 636: IAC Newsletter DB (TM) 
(c} 1996 Information Access Co. All rts. reserv. 

02329636 
BROOKTROUT NETWORKS FORMS: IS THERE A WAN FAX MARKET? 
Electronic Mail & Messaging Systems September 1, 1993 V. 17, NO. 17 
ISSN: 8756-2537 WORD COUNT: 1723 
PUBLISHER: BRP Publications 

... justification due to higher phone rates and a high incidenc.~ of fax 
:1sage due to time -zone differences. currently, X.25 and frame relay 
4etworks seldom are used for fax transmissions. 

Interestingly, many fax pages are currentiy sent by defaultiover Tl 
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networks as voice traft.tc. But BNGI sees this as a viable market,; largely 
because most fax travels over Tl subchannels very inefficientl'Y! - often 
at only 4. 8 kbps and at ·best at 9 .6 kbps ..• 

... travel six to 12 times faster using DAFS, or six to 12 times as many 
pages could use the same amount of bandwidth. Efficiency is the: Tl rub, 

because fax pages ... 
? 
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S30 

S46 
S47 
$48 
S49 
sso 
S51 
S52 
S53 
? 

324429 

53680 
537 
143 

51 
26 
19 

2 
17 

t53/3,k/all 

DEMODULAT"? OR DE () MODUI.,rAT? OR MODEM? uR S1 {3N) DIGIT? 

S30(50N) (TERMINAL? OR RECEIV?) 
S46(5N)FILTER? 
S47(50N) (MODUtAT? OR QAM) 
S48{50N)AMPLI? 
S49(50N)SIGNAL?(2N)PROCESS? 
RD 850 (unique itews) 
S51/1996 
S51 NOT S52 

>>>KWIC option is not available in file(s): 621 

53/3,K/l (Item 1 from file: 15) 
DIALOO(R) File 15 :ABJ/INFORM(R) 
(c) 1996 UMI. All rts. reserv .. 

00969981 96-19374 
Investigating the cutting edge of radio technology 
Kelly, Kevin 
Telesis n99 PP: 21-30 De.c 1994 
ISSN: 0040-2710 JRNL CODE: TLS 
AVAILABILITY: Fulltext online. Photocopy available from ABT/INFORM 16018.00 
WORD COUNT: 5621 

•.. TEXT: for evaluation. And because the system would have to operate under 
a compl~x set of signaling i;:ondition$, the. prol:>lem coul.d not be solved 
by purely analytic solutions. 

'l'he ATC' s solution •.. 

. . . radio link elements and any inherent component imperfectibns. The 
simulation included all critical transmitter and receiver components 
and proc.esses , such as amplifiers , reference oscifllators,. 

modulators , filters , coders, and demodulators . Team members 
built enough flexibility into tbe simulation to allow experimentat;ion with 
different technologies, components ... 

5 3 / 3 , K/ 2 ( ! t em 1 from file: 16} 
DIALOG(R}File 16:IAC PROMT(R) 
(c) 1996 Information Access Co. All rts. reserv. 

05750991 l 

HARRIS SEMICONDUCTOR INTRODUCES INDUSTRY'S FIRST RF-THROUGH-BASE:S:AND DATA 
RADIO SOLUTION FOR 2.4-GHz, WIRELESS LAN CARDS IN PCMCIA TYPE~II FORM 
FACTOR 

PR Newswire Oct 2, 1995 p. 1002FL015 
*FULL TEXT AVAILABLE IN FORMAT 7 OR 9* WORD COUNT: 1452 

... services. These include Utilicom {Goleta, Calif.}, L.S. Research 
(Cedarburg, Wisc.), Sigtec (Columbia, Md.) and Signal Technologies 
(Longwood, Fla. } . 

CHIPSE:T DETAILS 
'I'he PR.ISM chipset comprises four tightly matqhed ICs: the industry's 

only osss baseband processor • with on~board A/D ( analog -to-~igital) 
converters a:n.d $eparate DSSS spreader and de-spreader; a highly in~egrated 
IF/QMODEM with modulator and demodulator , plus ~imiter, 
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programmable low-pass filters , RSSI 
strength indication) on one chip, .a silicon 
frequency (IF) converte:.i:- and a silicon RF power 
two ICs typically must be manufactured with GaAs 
necessary frequency performance. To fabricate them 

53/3, K/3 (Item 2 from file; 16) 
DIALOG(R)File 16:IAC PROMT(R) 
(c) 1996 Information Acces.s Co. All rts. reserv. 

054.63698 

( received signal 
2.4 GHz RF/inteirmediate 
amplifier . Th~se last 
processes to' archive 

in si1i.con for 2i. 4 - 2. 5 

BROADCOM HAS QUADRATURE AMPLI.'I'UDE MODULATION RECEIVER OFFER.ING 40MBPS 
TRANSMISSION SPEED 

Computergram International December 16, 1994 p. N/A 
ISSN; 0268-716X 
*FULL TEXT AVAILABLE IN FORMAT 7 OR 9* WORD COUNT: 215 

Broadcom Corp, Lo.s Angeles has announced the 64/256 Qu.~drature 
Amplitude Modulation digital-transmission receiver for cable teQevision 

applications. The .QAML.ink architecture, initially developed with St::ientific 

•.. The BCM3100 integrates these three chips into a low-cost CMOS phip .. In 
256-Quadrature . Amplitude Modulation mode, the BC?-13100. QAMLink 

Receiver achieves digital transmission speeds of 40Mbps. This ip.creases 
the coaxial cable channel capacity 10 to 25 times. using proprietary 

signal processing algorithms, circuit designs and. layout 
techniques, Broadcom integrated Quadrature Amplitude Moduilation 

demodulation , Nyquist filtering , carrier and timing synchronisat.fon 
and adaptive equalisation into a single low-cost chip. Oper~ting in 
64-Quadrature Amplitude Modulation mode, the BCM3100 ehables a 
standard 6MHz analogue channel to carry 30Mbps of digital data.; With 64 
-Quadrature .Amplitude Modulation , cable operators can senµ. around 
20 movies using MPEG I compression and 10 movies using ... 

. . . the effects of channel distortions 
systems. An adapt.ive egual;i.ser requires 
about 1,ooom operations per second to 
distortions ... 

53/3,K/4 (Item 3 from file: .16) 
DIALOG(R)File 16:IAC PROMT(R) 

often found in cable television 
signal processing power of 
blindly adapt to the: channel 

(c) 1996 Information Access Co. All rts. reserv. 

04395118 
Stop the Press! 

Telephone Engineer & Management April 15, 1993 p. 64 
ISSN: 0040-263X 
*FULL TEXT AVAILABLE IN FORMAT 7 OR 9* WORD COUNT: l 729 

... associated PCS coverage environments. This product digitizes the 
entire cellular band to transport the RF signal over fiber. Usually 
starting at a combiner with the radio base station equipment', a high 
pe:do~apce o.igital tuner captures all desired signals , and a mixer 
provides very high dynam,ic range. 
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The entire cellular band then is dig;i.tized in preparat,ion for 
transport. Significant filtering achieving sharp selectivity occurs prior 
to analog /digital conversion. The signal is converted to. optics, 
and a digitally modulated laser ensures signal delivery. without 
degradation over an extended. distance (up to 65% more fiber range as 
compared with a.na1og trans.port). The system also employs wave-qivis.ion 
multiplexing technology' to transmit and receive on a single fiper. The 
entire cellular band then is transported digitally over the fiber.,: . 
... less than a four~microsecond delay. 

1 

Remote transceivers at the serving site then demultiptl..ex the 
signals and reverse the process , going from optical to el:ectrical 

and digital . to analog A high pertormance Hnealr power 
amplifier provides .the required RF output power at the antennai. on the 

1Jplink, additional filtering occurs prior to digitization. A:larm and 
order wire information are inserted on the optical bit stream and 

received by the host equipment. 
Flexible network planning for radio interface links. CityC~U a.lso 

addresses other ... 

53/3,K/5 (Item 4 from file: 16) 
D.IALOG(R)File 16:IAC P:ROMT(R} 
(c) 1996 Information Access Co .. All .rts. reserv. 

0252.8747 
Fax/data m.odem chip set 

Exar: Devel.ops XR2900, -01, -02, fax/clata modem chip set 

Electronic Engineering Times Apri.l 09, 1990 p. 52 
ISSN: 0192-1541 
fFULL '!'EXT AVAILABLE IN FORMAT 7 OR 9* WORD COUNT: 463 

... two-chip s.et is aimed at personal computer and laptop applic~tions. 
While the XR2901 digital signal processor chip supports 

modulation / demodulation functions, the XR2902 is the analog front 
end, comprising mixed analog and digital circuits. The analogr portion 
consists of the transmit/ receive filters , analog -t.o-digital and 
digital-to-analog functions, transmit level attenuator, and progrt'ammable 
gain amplifer . The digital section encompasses interface cirt:uit for 
the host controller, async/sync converter, transmit clock, and receive 
clock digital phase-locked loop. The fax/data modem set implements 

Exar' s 2-micron, double-poly, single-metal CMOS process t.o achieve high 
integration at low power. Typical combin~¢1 power consumption. fo:r th~ set is 

... two ... chip set is aimed at personal ·computer and laptop~ applic;ations. 
While the XR2901 digital signal processor chip supports 

modulation / demodulation functions, the XR2902 is the analbg front 
end, comprising mixed analog and digital circuits. The analog[portion 
consists of the tra:nsrttit/ receive filters , analog -to-digital and 
digital-t.o-analog functions, transmit level attenuator, and programmable 
gain amplifer . The digital section encompasses interface circuit for 
the host. controller, async/sync converter, transmit clock{ and receive 
clock digital phase-locked loop. The fax/data modem set implements 

Exar's 2-micron, double-poly, single-metal CMOS process to achieve high 
integration at low power. Typical combined power consumption for the set is 

53/3,K/6 (Item 5 from file: 16) 
DIALOG(R)File 16:IAC PROMT{R) 
(c) 1996 Information Access Co. All rts. reserv. 
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?524574 
3.ta/.Fax Modem !Cs: Exar's Chip Set Can Send/Receive 
Exar: New fax/data mode:t"l::l. chip set is aimed at PCs & laptops 

lectronic Buyers' News April 02, 1990 p. 19 
:3SN: 0164-6362 
FULL TEXT AVAILABLE IN FORMAT 7 OR 9* WORD COUNT: 318· 

... times and documentation merge. 
The two-chip set consi.sts of the XR-2901, a digital ~ignal 

processor chip sui;,porting primarily the modulation / demodulation 
function, and the XR-2902, a combination analog -and- digital chip. 

The analog portions of the 2902 support the transmit and 
receive filters I A/D and D/A functions, transmit-level attenuator 

.nd proga.mmable-gain amplifier The digital protion of the 2902 
upports the transmit-and receive -clock generator,. a.sync/sync bu.ffer 
)etween the 2901 and host controller and a re.ceive -clock digital 
1ha.se-locked loop. 

The XR-2091 and XR-2902 are available in 40 ... 

53/3,K/7 (Item 1 from file: 148) 
)I.A.LOG (R) File 148 .: IAC Trade & lndust:ry Database. 
(c) 1996 Info Access co. All rts. · reserv. 

)8.43.6017 SUPPLIER NUMBER: 17873127 (USE FORMAT 7 OR 9 FOR FULL TEXT} 
rhe .road to conversion. (wireless communications) 
?arry, Simon 
Uectronics Weekly, nl 748, p3 o (1) 
Dec 6, 1995 
ISSN: 0013-5224: 
WORD COUNT: 1379 

LANGUAGE: English 
LI.NE COUNT: 00116 

RECORD TYPE: Fulltext; Abstract 

drawbacks - of the heterodyne approach. 
The single-chip IC needs the addition of a power amplifier ,, LNA 

and filters t.o implement a GSM terminal 's radio section, The chip 
integrates two fixed-frequeµcy synthesiser$ (for the transmit and 

receive IFs), a programmable frequency-agile UHF' synthesiser (fpr 
channel selection), RF mixer, single lF down conversion with quadrature 

demodulation and variable gain. and a direct up modulator 
In a superheterodyne receiver the RF spectrum is translated or 

mixed to an IF before the demodulation is performed. In an FM superhet 
receiver this latter stage is accomplished by a frequency di.scr;iminator 

at the IF. 
The advantage in shifting the modulated spectrum to an 

intermediate {usually lower) frequency is that the receiver 's 
selectivity can easily be defiµed by a f±xed-frequency bandppss filter 
at the IF and by varying the local oscillator's frequency. 

A secondary advantage is that, because the demodulation is usually 
performed at a lower frequency, the IF amplifiers and frequency 
discriminator are easier to implement. 

The drawback of the superhet receiver is that the mixing 
process is inherently susceptible to any interfering signa]. at the 

image frequency (F.sub.C) (+or-) 2(F.sub.LO). This image is .•. 

53/3,K/8 (Item 2 from file: 148) 
DI.ALOG(R)File 148:IAC Trade, Industry Database 
(c) 1996 Info Access Co. All rts. reserv. 
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07714287 SUPPLI1¥R NUMBER: 16683510 (USE FOR.MA'!: 7 OR 9 .FOR FULL TEXT) 
The future .of RF and analogue. (radio frequency) 
Electronics weekly, n171"1, pl6 (1) 
Feb 15, 1995 . 
ISSN: 0013-5224 LANGUAGE: ENGLISH RECORD TYPE: FULLTEXT; :ABSTRACT 
WORD COUNT: 635 LINE COUNT: 00052 1 

considered, perhaps brave, examination of the benefits and pitfalls 
of the technique. 

In a superheterodyne receiver , for instance, the RF spectrum is 
transJated or mixed to an intermediate frequency (IF) before the 

demodulation is performed. In an FM superhet receiver this latter 
stage is accomplished by, a frequency discriminator at the IF, The .a~varttage 
in shifting the modulated spectrum to an intermediate (usually ;lower) 
frequency is that the receiver 1 s selectivity can easily be defihed by a 
fixed frequency bandpass filter at the IF and by varying the local 
oscillator's frequency. A secondary advantage is that because the 

demodulation is usually performed at a lower frequency the IF 
amplifiers and frequency discriminator are easier to implement. 

The drawback of the superhet receiver is tha.t the mixing 
process is inherently susceptible to any interfering s1Qll1a.l at the 

image frequency (FC[+ or -}2FLO). This image is usually removed by 
employing an ... 

... and by having a bandpass (image) filter at the mixer's RF input which 
r;ejects signals at the image frequency. 

By comparison, in the homodyne, or direct conversion receiver,: the 
inf ortnation ... 

53/3, K/9 {Item 3 from fi.le: 148) 
DIALOG (R) File 148: IAC Trade &:. Industry Database 
(c) 1996 Info Access Co. All rts. reserv. 

07593892 SUPPLIER NUMBER: 16454654 (USE FORMAT 7 OR 9 FOR FULL TEXT) 
IC opens 500-channel frohtier to cable systems, {incl.µdes related article) 
Goldberg, Lee 
Electronic Design, v42, n23, p71 (6) 
Nov 7, 1994 
ISSN: 0013-4872 
WORD'!. COUNT: 2 6.6 9 

LANGUAGE: ENGLISH 
LINE COUNT: 00214 

RECORD TYPE: FULLTEXT; ABSTRACT 

gain also will amplify any noise present in the channel, 
significantly lowering the receiver's signal -to-noise ratio. 

For this reason, Broadcom developed a circuit called a 
decision-feed-back ... 

. . ..• coefficients.. With the OFE, tnore. rapid and precise compensation pan be 
applied to the incoming signal , allowing for faster response without 
further amplifying background no,ise. Under worst-case condition13, a 

QAM demodnlator using this active filtering scheme delivers a 
bit-error rate (BER) of [10.sup.-5). By adding Reed-Solomon ... 

. . . far better than the t10 .. sup. -9] required MPEG transmissions. 
The BCM3100 features all-digital signal processing . Because 

the receiver uses an IF-sampled architecture, the IF analog front end 
is greatly s.implified .. Quadrature detection is performed digitally,, 
allowing exact I/Q amplitude and phase matching~---critically impprtant 
for QAM systems, in which each part of the quadrature signal 
contains so mu.ch info:rmation. Most analog systerns :require a pilot t~:me 
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within the channel to help lock the receiver. This wastes precious 'spectral 
energy, lowering the effective system signal -to-noise ratio. Byj 
performing all acquisition and t.racking digitally, Broadcom' s receiver can 
det.ect ... 

53/3,K/10 (Item 4 from file: 148) 
DIALOG(R)File 148:IAC Trade & Industry Database 
(c) 1996 Info Access Co. All rts .. reserv. 

06507330 SUPPLIER NUMBER: 14184239 (USE FORMAT 7 OR 9 FOR F'UtL TEXT) 
ISSCC: communications technology. {1993 International Solid State C'.ircuits 

Confe.rence). (T.echnica1) 
Leoncird, Milt 
Electronic Design, v-41, ns, pG9(4) 
March 4, 1993 
DOCUMENT TYPE: Technical ISSN: 0013--4872 LANGUAGE: ENGLISf! 
RECORD TYPE: FULLTEXT; ABSTRACT 
WORD COUNT: 2380 LINE COUNT: 00191 

consists of a direct up--conve:rsi.on receiver IC, both fabricated 
with a 12-GHz bipolar process . The 900--.MHz quadrature. up-conv~r.sion 
modulator performs phase correction. The two-IF ;i:;-eceiver i:p.cludea FM and 
direct QPSK (DQP$K) democlulator$, a 60-dB-.dynamic-range AGC ampli.fier 
and an RF mixer with 26-dB attenuation control. The two chips dissipate a 
total .•. 

. . . draws 10 [mu] A. , . 
Researchers at .the. same. A'I'&T Bel1Labs facility developed a . modem 

/codec c.bip for dual-mode cellular telephony. Containing both transmit and 
receive sect.ions, the chip acts li~e a modem in tbe digitaL mode. 

The device performs (piJ/4-shifted OQPSK modulation , squate-root 
raised-cosine filtering ,_ and wa.ve-form synthesis . .In the analog;. mod.e, 
the chip acts like a codec .by pe.rf orming frequency modulation and 

analog -to- digital interfacing. The O .9- [mu]m CMOS device dissipates 
100 mW in the digital mode ... 

. .. .. emerging wireless communications systems, the use of image.-rejec;t mixers 
reduces the cost o.f a receiver by· eliminating the need for expe;nsive 
image filters. The fi:e-st i:ptegrated piCMOS im.age-.reject front... · 

... Calif. The 2 .. 5-GHz device consists of an image-reject mixer., a low-noise 
amplifier , bia.s circuitry, phase-shift elements, and power-down stages. 

At 1. 98 GHz and with a 111--MHz IF signal , image rejection is 14:. l. dB, 
conversion gain is 7.6 dB, and the noise figure is 13 dB. The device is 
fabricated in a 0.8-[mu]m biCMOS process and consumes 60 mW, : 

The demand for clearer voice communications and longer transmission 
ranges for .... 

53/3,.K/ll (Item 5 from file: 148) 
DIALOG(R)File 148:IAC Trade & Industry Database 
(c) 1996 Info Access Co. All rts. resen,. 

04:475295 SUPPLIER NUMBER: 08356032 
Fax/data modem chip set. (Exar Corp introduces the FaxPlus XR-2900 chip 

set} (product announcement) 
Bindra, Ashok 
Electronic Engineering Times, nSBS, p52(1) 
April 9, 1990 
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DOCUMENT TYPE: product announcement ISSN: 01.92-1541 LANGUAGE: 
ENGLISH RECORD.TYPE: ABSTRACT 

... ABSTRACT: V.42/V.42 bis standards. The Chips enable the provis.ion of 
full 9600bp.s send/ receive fax and 2400bps data ( modem ) 
transmissions With the addition of a minimum number of support -:ihip:S, The 
~.'49.Ql digital s.ign.al processor handles modulation / 

demodulation functions. The XR2902 is a mixed analog/digital deiv'ice, 
whose analog section includes transmit/ receive filters , both 

digital - to- analog and analog .-to- digital conversion, 1 

programmable gain amplifier .and transmit level attenuator. The tligita1 
components include host controller interface, transmit and receive 
clocks and async/sync converter. Typical power consumption is below400mW. 
The XR-2900 is ... 

53/3,K/12 (Item 6 from file: 148) 
DIALOG(R}File 148:.IAC Trade & Industry Database 
{c) 1996 Info Access Co. All rts. reserv. 

04163302 SUPPLIER NUMBER: 08531851 
Test solutions for GSM. (Groupe Special 
Whitacre, Jan; Kann.,. Roger 
Comm1..1nications International, vlEi, ni.2, 
Dec, 1989 
ISSN: 0305~2109 

. WORD COUNT: 184 7 
LANGUAGE: ENGLISH 

LINE COUNT: 00146 

{USE FORMAT 7 OR 9 FOR FULL TEXT) 
Mobile) 

p43 (3) 

RECORD TYPE: FULLTEXT 

a measurement technique (known as the Global Test Method) to 
measure the accuracy .of the modulation of the transmitted signal 
Different block diagrams to achieve this method can be u.sed. 

An analogue approach uses an I and Q {In-phase and Quadrature) 
demodulator with- filtering to produce the necessary signals for 

measurement of the phase accuracy of the modulated waveform. However, 
this analogue processing before measurement adds uncertainty to; the 
tests from possible .imperfect I/Q balance and filter errors. A digital 
technique for determining the I/Q components of the received signal 
would eliminate these errors, offering greater accuracy and the add~d 
benefit of a simpler hardwa~e ... 

. . . diagram that Hewlett-Packard chos.e for digitally measuring the phase and 
frequency e.rror.s and the amplitude profile of a continuous-phase· 
modulated RF signal .' The modulated RF signal is coupled to-~ down 
conversion mixer to provide an interme9iate frequency (IF}. signal . The 
IF signal is filtered in an analogue anti-aliasing filter and then 
digitised to convert the anal.ogue IF signal to a discrete-time data 
sequence. The sampled data is then sent to a computer where digital: signal 

processing techniques are used to analy.se the signal. 
From the digitally demodulated data sequence, the phase ... 

53/3, I</l3 (ltem 7 from file: 148) 
DlALOG(R)File 148:IAC Trade & Industry Database 
(c) 1996 Info Access co. All rts. reserv. 

03920558 SUPPLIER NUMBER: 07323122 (USE FORMAT 7 OR 9 FOR FULL TEXT) 
High-resolution ADCs simplify system design in DSP applications. (incluQes 

related articles on choosing the right sampling ADC, synchronous ;versus 
a.synchronous conversion and minimizing the effects of digital 
feedthrough) (analog-to-digital converters, digital signa1 proces~ing) 
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(technical) _. 
Sylvan, John; Malone, Bob; Reidy, John.; Paul, Errico 
EON, v34, nlO, p155(19) 
May 11, 1989 
DOCUMENT TYPE: technical ISSN: 0012-7515 LANGUAGE: ENGLJ;Sfl 
RECORD TYPE: FOLLTE!.XT; ABSTRACT 
WORD COUNT: 6495 LINE COUNT: 00497 

filter and arnplJ.fy the input of the receive filter with thei .. r 
on-chip programmable gain amplifiers . use pins DB.sub .. 2 through'. 
DB.sub.7 on IC.sub.5 to set ... 

. . . use pins DB . sub. o thrbug.h DB . sub. 7 to program the gain of the 
receive filter , IC.sub.4, in 3-d.B increments. 

Because high-speed modems use quac:lrature amplitude 
mod1J.la.tion , synchronized timing is critical. Errors in the conv~rsion 

timing produce phase errors and create distortion in the frequency !domain, 
which are unacceptable when you're trying to control phase- modulated 
baseband si.qnals . Use an external transmit/ receive clock th~t runs 
a.synchronously to the processor to generate precisely timed 
conversion-start commands f.or the A/D converter. (You should also .. 

. . . commands, .connect a single transmit/receive clock t.o the filters!• SYNCn~· 
terminals .. The filters, SYNCOUT signals generate . the CONVST and; LDAC 
commands for the converters. You can program one of the ... 

53/3,K/14 (Item 8 from .file: 148) 
DIALOG{R).File 148:IAC Trade&. Industry Database 
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Breakthrough in digital radio. (quadrature arnplitude modulation} 
Rockwell, David 
Telephone Engineer & Management, v88, p51(3) 
July 1, 1.984 
ISSN: OQ40-263X 
WORD COUNT: 1744 

LANGUAGE: ENGLISH 
LINE COUNT: 00135 

RECORD TYPE: FULLTEXT 

FULL TEXT) 

FCC requirements. The receiver f ilte.r is used to form a Nygµist 
channel for the regeneration . process . This also is the filter that 
determined noise bandwidth at the generatar.•What's more, the transmitter 
filter controls signal peaking from the ~ransmitter <:1mplifier~ . Both 
filters, working in tandem, prevent spillage/li(or interference) into 
adjacent channels. Typically, channel filtering.... -

... shape, with half the filtering done at the transmitter and the o:ther 
half at the receiver 

Filtering in this system is done at baseband level for several 
reasons: 1} it is independent ... 

. . . guaranteed, 3) without requiring special techniques, it remains yery 
stable, and 4) it pe,:rnits the modulation and demodulation tp be 
independently loopback tested. In-service monitoring 

This technology is realized in the two ... 

53/3 ,K/15 {Item .1 from file: 621.) 
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0328485 
News Release 
DATELINE: SAN JOSE, CA • April 30, 1.992 WORD COUNT: 784 

BXAR Unveils an Integrated Chip Solution fo:r Fax, Data & Voice with: Optimum. 
Windows (R) Operation 
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0222159 
On the Radio : Wireless LANs give new meaning to the term "ether11 net 
BYTE June, 1990; Pg 224A; Vol. 15, No. 6 
Journal Code: BYTE ISSN: 0360-5280 
Section II:eading: State of the Art: Networking 
Word Count: 3,093 *Full text r;l..Vailable in Formats 5, 7 and '.9* 

BYLINE:. 
Sorin Davidovici 

TEXT: 
... many active signals and Urnits mutual interference, Tbe amplitude, 
phase, or frequency of a carrier signal is modulated (modified) 
according to the information to be sent. The receiver detects these: changes 

... will not overlap. Thus, even though the input signals share the same 
frequency band, the modulated signals are.separated in freque~cy. The 
frequency separation makes it possible to extract the signal of .interest 
from a multitude of signals active at the .same titne. 

A carrier signal is simply a sine-wave signal Receivers 
select specific signals by using a filter tuned to the appropriate 

frequency. All other signals which are simply interference, are 
eliminated. Once the signal is snatched out of the ether, the 

receiver extracts the information. contained in it in a process called 
demodulation If the signal in question originates at a commercial 

FM station, it most likely carries music and speech that are amplified 
and played through the speakers after being demodulated .: In data 

communications, the data is extracted by the Physical layer and passed on 
to... · 

••• .:;1nd FM have found applications in data transmission modems. 'Figure 2 
illustrates AM and FM signals modulated by a 11010 data pattern. 
Note that both systems transform data represented by Os. and ... 

: 
I 

... FM. In addition to the carrier, it uses. a second auxiliary signal in the 
modulation process . This signal is a user- or network-specific' digital 
code with a much higher transfer ... 

5:3/3,K/17 {Item 2 from file: 624) 
DIALOG(R)File 624:McGraw-Hill Publications 
(c} 1996 McGraw-Hill Co. Inc. All rts. reserv. 

0013942 
Runnirtg Ethernet modems over broadband cable: Broadband promises b;Lg-ger, 
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better Ethernets that use controllers now installed in many computers. 
This tutorial shows how the modems that run these new networks bperate. 

Data Communications 'May,. 1986; Pg 19.9; Vol. 15, No. s ' 
Journal Code: DC lSSN: 0363-6399 
Section Heading: Feature 
Word Count: 5, 189 *Full text available in Formats 5, 7 and 

BYLINE: 
Menachem E. Abraham, Chip.Com Corp., Needham, Mass. 

TEXT: 
... amplified the same amount without distortion. Lack of. linearity might 
induce cross-modulation, causing the signals in different bands to 
affect and interfere with each other. Cross-modulation can result in ... 

... degradation of video signals or bit errors in data channels. 

In order to ke.ep these amplifiers in their linear re.gion, the 
signals on the broadband co.axial trunk are relatively small, ranging ... 
. . •. 100 mv. Also, to minimize loading of the trunk by the stations attached, 
the broadband modems are connected to the coaxial cable through a tap 
that further att.enuates this signal to a level typically between Oi. s a.nd 5 
mv. The receiving section of the broadband transceiver is, th~refore., 
required to do carrier detection and demodulation on .. small s~qnals 
in a relatively wide amplitude range and at very high frequenctLes .. The 
receiver first amplifies the signal and then converts1 it down 

to an intermediate frequency (IF), where it filters out s.iqnals 
.from the other bands. Then demodulation and carrier d.etection 

functions are performed., also at the IF. · 

Two different techniques can be used for the demodulation process: 
synchronous detection and delay-line detection. :tn the. synchro1.1ous ca$¢, a 
reference IF carrier is recovered and used to determine the .data: content 
of the received phase- modulated IF signal. Delay-line detec,tors use 
the pha,1;1e of the IF carrier in the previous ... 

..• and transmission impairments. 

Bit-timing information is typic.a1ly extract.ed from 
waveform by processing the low--to-high or 
transitions. The recovered clock is used ... 
?pause 
>>> PAUSE started. 
?. 

the demodulated data 
high-to-low; signal 
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01360758 
Telefunken Announce Power-Saving RF Chip Set 
(Telefunken Semiconductors introduces chip set for 900-MHz RF applications, 

including complete front-end and RF receiver) 
Electronic Buyers News, p 38 
December 18, 1995 
DOCUMENT TYPE: Journal; News Brief ISSN: 0164-6362 (United States!) 
LANGUAGE: English RECO.RD TYPE: Fu.lltext 
WORD COUNT: 333 

TEXT: 
... with a power amplifier, low-noise amplifier, and antenna switch.' Built 
on a gallium arsenide process , it contributes minimal noise of 1.5 dB 
from the low-noise amplifier for 4.5 MHz to so MHz and 900-MHz Cordless 
phone designs. The U7001B consumes ... 

... talk times. It reqUires few external components and saves space in 
compact designs. 

For the receive function in both voice and data applications, the 
U3500BM integrates a low-noise amplifier , intermediate frequency 

ampli.fier , FM demodulator , and receive signal strength. ~:K,t :,, 
indicator. The U3SO0BM features low-pass filters on board and p- mi-x(;'r 
for scrambling, which can reduce the ne~d for external comp::ments. : 

For the transmit function, the U2891B ;integrates the modulator and 
up-conversion features on a single chip, with operation up to 3 gigahertz. 
The ... 

63/3,K/2 (Item l from file: 15) 
DIALOG(R) File 15 :ABI/INFORM (R) 
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00636994 92-51934 
TV Technology Goes Digital 
Gyorki, .Johri R. 
Machine Design V64nl8 PP: 61-65 Sep 10, 1992 
ISSN: 0024-9114 JRNL CODE: MDS 
AVAlLABILITY: Fulltext online. Photocopy available from .ABI/INFORM 1075.00 
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.. ,TEXT: s favor, the consumer is the ultimate winner. The fi:rst HDTVs will 
be relatively expensive, and it may take HDTV several years tb become 
as wid,espread as conventional TV, partly because ... of transmission is 
called vestigial sideband. At the transmitte.r, separate video and audio 
channels are processed and mixed before transmission. At the receiver, 
the composite signal is amplified and split bank into separate sound 
and picture frequencies. 

The Channel Compatible Digicipher HDTV systems proposed by Massachusetts 
Institute of Technology also uses separate video and audio channels. 
But digital signal processing handles them. far differently th.fln NTSC. 
For 03t17 thing video and auto channels are amplified separately,·•· but are 
encod~ and mu1 tiplexed before being modulat.ed and transmitted. The 
CCD-HDTV system broadcasts both high-definition and conventional 

signals on the same channel with mutual interference. When the 
receive selects a channel, it demodulates and demultiplexes the 
signal , then separates it into video and audio channels for decoding 

and amplification 

Other $ystems., such as the Zenith Digital Spectrum Compatib
0

le HO'l'V, 
broadcast HDTV signals on unallocated channels while simulcasting 
conventional signals on the usual channels. All proposed American 
systems use digital signal compression, decompre.ssion, filtering 
and distortion correction to squee .. ze high-resolution signals within 

the 6,..Mf!z bandwidth. 

THE CHIPS BEHIND THE SCREEN 

Prototype HDTV receivers today fill. ... 

63/3,K/3 (Item 1 from file: 16) 
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04959992 
Handset spl.it solves foundry problems 

Electronics Times February 24, 1994 p. 10 
ISSN: 0142-3118 
*FULL TEXT AVAILABLE IN FORMAT 7 OR 9* WORD COUNT: 143 

. . . of a GSM handset into a silicon·· bipolar transceiver and synthesiser 
device for high frequency Signals and a CMOS device for lower frequency 

processing . . . 
This arrangement'solves the problem of finding a foundry with a BICMOS 

process providing a high enough bip<?lar f{t) for low noise mifKers and 
demodulators capable of 1.9GHz operation. · 

The researchers suggested this problem would prevent single chip ·GSM 
analogue front ends for the foreseeable future. . : 

The bipolar front end consisted of two quadrature modulatqrs , a 
phase shifter and receiver and transmit mixers and amplifiers 

The CMOS analogue baseband device provided a transmission, shaper, 
radio cont.rel for transmit and receive, bandpass filters and 

amplifiers 
The synthesiser function was split between the two devices, with the 

high frequency part providing ... 
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03467497 
Mobility moves into digital arena: and with the shift a I.range of 

devices is being- used by designers to improve reoeption and, cut the 
cost artd size of units. 

Electronics Times October 31, 1991 p. 26 
*FULL TEXT AVAILABLE IN FORMAT 7 OR 9* WORD COUNT: 1633 

... chipsets. 
The move to digital• techniques makes use of the greater noise immun.ity 

of digital signalling , as well as the higher spectrum utilisation 
allowed by digital protocols and the strength of ... 

... processing and high den.Sity digital circuitry. 
All the imminent digital communications protocols use transmit an.d 

receive channels. on the f:llll::tscriber side, a signal goes from microphone 
or tone dialler through an analogue conditioning section to a a1igi tal 

section, where voice coding and channel coding are performed. 
The sisnal stream is modulated and enters the intermediate and high 

frequency 11~ctions. Finally the signal' is amplified and .applied to the 
antenna. J 

The receive .channel operates in the inverse rnanner, passing; through 
analogue rf, digital and analogue baseband sections before driving the 

speaker. 
The differences 

frequency, and the 
standards. 

between CT2, gsm, Dect and pen lie in the rf'. carrier 
stipulated dig.ital voice and channel coding 

Designers have several 
flow. They include a/d 

options for implementation in the .signal 
and d/a converters and discrete solutions for 

amplification and filtering closest to the user,. qr rnixed 
signal asics. For the dsp section they can use mixed standard or 

~erni<:?m::tom products . 
Outside the signal channels, there is the need for control and 

interfacing to a keypad and to led 
... chipsets. 
The move to digital techniques makes use of the greater noise immunity 

of digital signalling , as well as the higher spi;ctrurn utiJ.isation 
allowed by digital protocols and the strength of ... 

... processing and high densi.ty digital circuitry. 
All the imminent digital communications protocols use tri;;i.n'srnit and 

receive channels. On the subscriber side, a signal goes from mi.crophone 
or tone dialler through an analogue conditioning section to a digital 

section, where voice coding and channel coding are performed. 
The signal stream is modulated and enters the intermediate and 

high frequency sections. Finally the signal is amplified and applied 
to the antenna. 

The receive channel operates in the inverse manner, passing; through 
analogue rf, digital and analogue baseband sections before dri;ving the 

speaker. 
The differences 

frequency, and the 
standards .. 

between CT2, gsm, Dect and pen lie in the rf, ca.rrier 
stipulated digital voice and channel coding 

Deslgners have several options for implementation in the •signal 
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flow. They include 
amplification and 
sign.al asics. For 

semicustom products. 

a/d and d/a converters and discrete soluta.ons for 
f ilteri.ng closest to the user I or mi:x:ed 

the o.sp section they ca.n use mixed stapdard or 

Outside the signal channels, 
to led ... 

there is the need for control and 
in.terfaci.ng to a keypad and 
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07593891 SUPPLIER NUMBER: 16454656 (USE FORMAT 7 OR 9 FOR FUtL TEXT) 
A closer look at QAM {quadrature.'"'-amplitude modulation) 
Samueli, Henry 
Electronic Design, v42 ,. n23, p73 (2} 
Nov 7, 1994 ·; 

ISSN:. 0013-4872 
WORD COUNT: 891 

LANGUAGE: ENGLISH 
LINE COUNT: 00070 

RECORD TYPE; FULLTEXT; ABSTRACT . 
modem implementati.ons, a good po.rtion of the filtering .and 

equalization functions is performed using digital- signal -processing 
(DSP) techniques. Therefore, the analog-to-digital converters and the DACs 
often are located at some IF rather than at baseband. · 

The low-pass filters in the modulator perform the importan,t 
function of ba.ndlimiting the · transmitted RF spectrum to ave.id any · 
adjacent~channe1 interference. However, the process of filtering ! the 
square-topped pulses at the outputs of the DACs causes these pulses1 to 
smear and potentially interfere with one another. Fortunately, there exists 
a special ctass of low-pass filters , known as.Nyquist .. filters 
which can generate a filtered pulse without the normal smearing:. 
Consequently, all high-performance QAM modems use Nyquist · 

filters in their transmitter and receivers . 
Each symbol contains M. bit.s o.f lnformation. M/2 hits a.re used to 

amplitude modulate the cosine carrier and M/2 bits are used, to 
amplitude modulate the sine carrier. Because R symbols/s ar'e being 

transmitted, the total transmitted bit rate is MR hits/s. 
The demodulator takes on the challenging task o.f distinguishing 

between each one of the 2M possible . amplitudes and phases of th~ 
incoming RF carrier. As one could imagine, any distortion in the .. ·; 

... to properly detect these signals. !n a cable-TV system, the chan:nel 
distortions arise from signal reflections caused by impedance 
mismatches in the cable or poorly designed television tuners whose 
impedance ... 

63/3,K/6 (Item 2 from file: 148) 
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IF !Cs offer 3 V operation for digital and analog cellular stand.ardfs. 

(A.0607 and AD608 models from Analog Devices !nc.} (Cover Story) 
Microwave Journal, v37, nlO, pl44(3) 
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DOctJMENT TYPE: cover Story ISSN: 0192-6225 LANGUAGE: ENGL;ISH 
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WORD COUNT: 1432 LINE COUNT: 00102 
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from the master clock at 13 MHz, which is also the clock fo:r the 
digital signal processor IC. The first filter is a low cost; SAW. 
'l'he second and third filters . are simple, low cost two-pole LC · 

filters . Both parts operate from a 3 V supply. 
AD6 o a Des.ign 
Unlike the AD607, the AD608 ... 

.. • . IF. A schematic diagram of ' the AD 608 is shown in Figure 2. When: a 
receiver uses a limiting IF, the limited output is ~ modulated 

to recover the phase information and the RSSI output is used to recbver the 
amplitude informatfon. Linear and limiting IF subsystems are used for 

GSM, PHS, TOMA and other QPSK .. , 

. 63/3,K/7 (Item 3 from file: 148) 
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07299598 SUPPLIER NUMBER: 15508475 (USE FORMAT 7 OR 9 FOR Fu.LL TEXT) 
Speed and smarts pave the way for a new breed of comm chips. (high-speed 

technologies and new signal-processing techniques} {part of a preyiew of 
the 1994 custom Integrated Circuits Conference) 

Goldberg, Lee 
Electronic Design, v42, n9, p70(5) 
May 2, 1994 
ISSN: 0013-4872 
WORD COUNT: 2678 

LANGUAGE.: ENGLISH 
LINE COUNT: 00220 

RECORD TYPE: FULLTEX'I'; ABSTRACT 

feedforward auto-bias adjustment to achieve both wide dynamiic range 
and extremely high sensit.ivity. Conventional receivers with AGC and 
~utomatic offset control circuits typically require external pa.ssive 
components. To eliminate them, the tearn developed a receiver that 
employs a multistage, feedforward system to control gain and bias (Fig. 3). 
The receiver requires no peak-hold capacitors or othe.r external; 
elements. 

Reducing component count by substituting digital proces~ing 
for analog filtering is another growing trend, as shown by r 
engineers from Ashi Kasei Microsystems, San Diego, Calif., and Tokyb, 
Japan. They developed a low-noise integrated 455-kHz IF stage fil,ter 
for advanced mobile-phone service {AMPS) cellular-telephone applications. 
Their design employs multistaget repeating AGC and filter block's 
in$tead of conventional ceramic filters. The first chip to apply th;is 4 

filtering technique demonstrated a dynamic range of 64 dB with a. signal 
-to-(noise + distortion),.ratio of 40 dB. 

Parts count and power are being further reduced as the1 modulation 
and demodulation of signals is migrating to the digital domain. 
Designers at Siemens A.(,Lf Munich, Germany, describe a single-chip,; 
60-Mbit/s quadrature- amplitude -modulation (QAM) demodulator. : 
Implemented in 1- [microJ,,p1 CMOS, the chip performs all digital baseband 

processin.g for QAM, i~ncluding .carrier recovery and adjustment o,'f bias 
functions in its input ALJCS ... ; 

Further integration of IF functions through mixed- signal ·· 
processing was demonstrated in a single-chip implementation of t:he 

gµadrature phase-shift-keying (QPSK) modulation ... 

63/3, K/8 (Item 4 from file: 148) 
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05574804 SUPPLIER NUMBER: 11844739 {USE FdRMA'l' 7 OR 9 FOR FULL TEXT} 
Mixers hold key to unlock enhanced system performanc.e; al though it '.is often 

taken for granted, the mixer has the ability to defin.e the .limits of 
system performance. 

Mruz, John 
Microwaves & RF, v30, n12, p96(4) 
Oec, 1991 
ISSN: 0745-2993 
WORD COUNT: 1656 

LANGUAGE: ENGLISH 
LINE COUNT: 00128 

RECORD TYPE: FULLTEXT 1 

components are called intermodulation products. 
For transmitter applications, which require frequency upconversion, a 

low-frequency signal . is first processed (or modulated ) .and tb.en 
translated througb. a mixer to a higher microwave frequency. It is usually 
then amplified and transmitted. Irt receiver applications, which 
require frequency downconversion, the received signal is 
downconverte<l through a mixer to a lower frequency at which the information 
is extracted ( demodulated } . 

DOWNCONVERSION 
As an example of frequency downconversion, a mixer {Fig. 1) cbnverts 

a 6 .2-GHz input signal to an intermediate frequ.ency (IF) of 1.1, GHz by 
mixing it with an internally-generated 5.1-GHz LO signal . A f!ilter 
that passes the IF ano. rejects all other frequencies is attached to. the 
mixer output ... 

63/3, K/9 {Item 5 from file: 148) 
DIALOG(R)File 148:!AC Trade & Industry Database 
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Design a DSP--hased speeoh-transmission system. (simulation enables 

<lesigners to explore DSP algoritruns and hardware implementation} 
(technical) 

Eo, soo Kwan; Ma, Chingwo; Jang, Incheol 
Electronic Design, v-38, hlG, p85(5) 
August 23, 1990 
DOCUMENT TYPE: technical ISSN: 0013-4872 LANGUAGE: ENGLISli 
RECORD TYPE: FOLLTEXT 
WORD COUNT: 2229 LINE COUNT: 00190 

SPW library element.s, and modem .simulation using real-world. data. 
Besides having an algoritnmically proven signal flow, designers; are 
provided with test points and the expect~d signals. Consequently, when the 
design ... 

... system architecture is best un<lerstood by visualizing the source 
encoding-decoding and the 9600-bps modem separately (Fig. 1). Block 
names are hierarchical blocks developed within the SPW from communications 
library functions. An adaptive delta modulator encodes the 
instantaneous values of the speech waveform for digital transmission 
through the modem . The 9600-bps modem block contains a 16 
quadrature amplitude modulation (16 QAM ) receiver w•ith a 
linear adaptive equalizer (LAE), a model of a 3002/C4-channel telephone 
line, and a 16- QAM transmitter that produces a . modulated , encoded, 
baseband signal. The LAE's output is the encoded voice signal ..• To recover 
the original voice signal, c,\n adaptive delta demo<lulator decode'S the 
instantaneous values to reproduce the voice signal. This signal is ;then 

filtered th.rough a lowpass infinite-impulse-response (IIR) fHter 
The modeled voice signal 11 Mary had a little lamb" was cap.tured at 
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a sampling rate of 8 kHz through a GPIB interf,.ace with a Tektronix l.1401 
digital Of:lcilloscope, ['his digitized signal was up-sampled t;:o 91. 6 kHz 
using interpolation and decimation filtering, functions that are co~ta.ined 
within the source-· signal block. 

Delta modulation {DM) .is a special case of differential pulsei..coded 
modulation {DPCM). Here symbols from the 16-QAM signal constellation. 
For e.xample, the first four symbols in the 16- QAM signal 
constellation are (3,3}, (3,1}, (1,3), (J,,l). Therefore, a training: 
sequence from ... 

. . . be (3, 3) . 
The channel model• s specification is defined by the .3.002/C4 channel 

amplitude and delay characteristics. A time-domain . filter in the 
SPW library performs this modeling. It reads magnitude and delay at each 
frequency from the input file. The filter then interpolates the' data 
before running an inverse fast Fourier transform to output a time-~omain 
impulse-response curve to fit the specification. 

In the receiver , Hilbert transformation is applieC, before the 
coherent demodulation shifts the signal back to the basebanij 
region. The Hilbert transformation ret.rieves the imaginary signal/ 
component from the transmitted signal for processing. in the, cotnplex 
domain. Because of the linear distortion in the 3002/C4 channel, the 

received signal suffers severe inter-symbol-interference (ISI). 
Compensation for this channel imperfection .is performed in the ... 

. .. coefficients are converged using training sequences within several 
hundred symbol periods (by monitorins the error signal from the: LAE), 
the adaptive LAE's input is switched .into the real data. Line ... 
?pause 
>>> PAUSE started. 
? 
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02789561 
Title: 

(Item 1 from file: 2) 
INSPEC Abstract Number: S.870O3O82 

Time slotted cellular systems 

11/6/2 (Item l from f~• e: 434) 
13009853 Genuine Article#: 460 Number of Refenmces: 41 
Title: BIOCHEMICAL-STODIES ON. T523, A POTENT NONPOLYGLUTA.MATA.BLE 

ANTIFOLATE, IN CULTURED-CEL ~ (Abstract Available) ,. 
?tll/7/1 '\ 

11/7/1 {Item 1 from tile: 2) 
Dl.ALOG (R} File 2: INSPEC' 
{c) 1996 Institution of Electrical Engineers. All rts. reserv. 

02789561 INSPEC Abstract Number: B87003082 
Title: Time slotted cellular systems 
Author(s): cavers, J .. K.; Walker, M. 
Author Affiliation: Simon Fraser Univ., Burnaby, BC, Canada 
Conference Title: 36th IEEE Vehicular Technology Conferenc:e (Cat. 

No.86CH2308-5) p.202-7 
Publish.er! IEEE i New York., NY, USA. 
Publication Date: 1986 country of Publication: USA. 455 pp. 
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U.S. Copyright Clear,.ance-Center Code: CH2308-5/86/0vv0-0202$0l.00 
Conference Sponsor: IEEE , 
Conference Date: 20-22 May 1986 Conference Location: Dallas, TX, USA 
Language.: English Obcument Type: Conference Paper {PA} ' 
Treatment: Practical (P) , 
Abstract: A system is proposed that can carry 5 simultaneous spe;akers on 

a s.ingle standard channel. It is based on two technological trends of 
recent years: faster mobile data transmission and cheaper, reasonabJ.e 
quality compressed digital voice By transmitting segtnents of 
speech in high~speed bursts, a single channel is time -division 
multiplexed among several mobiles. With several subchannels available, 
it becomes possible to lay out a cellular system. based on reuse of: time 
slots., rather than frequencies. The proposed system is shown tp need a 
cluster size of 9, for a fully deployed hexagonal array. With pnly two 
operating frequencies, such a system can cover an µnlimited geographic area 
with one subchartnel . per cell. Fo:r line.a:r a.r:r-a.ys, as along a bigb.way, 
the system can be extended indefinitely with only a single. ope.rating 
frequency. (7 Refs) 
? 
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18/7/1 (Item 1 from file: 2) 
DI..A.LOG(R)File 2:INSPEC 
(c) 1996 Institution of Electrical Engineers. All rts. re.serv. 

00088459 INSPEC Abstract Number: B70004957 
Title: An effective bandwidth reduction for communication use in a 

VHF/UHF satellite link 
Author(e): Weber, M. 
Journal: IEEE Transactions on Audio and Electroacoustics vol.au-17, 

no. 3 p. 220-2 
Publication Date: Sept. ;L.969 country of Publication: OS.A 
CODEN: IT.ADAS ISSN: 0018-9278 
Language: English Document Type: Journal Paper (J~) 
Abstract: A new modulation system is described by which two voice and 

three additional teletype subchannels are to be interlaced within a 
frequency range of a usu.al standard phone channel . In general, ecbnomical 
aspects govern an effective bandwidth reduction for· signal 
communication. This becomes extr.emely valid for all relatively narrow-band 
radio links via satellites in the VHF/UHF range. With respect to a:min;imu.m 
of material expense, a compact band modulation system was successfully 
develop.ea and tested in a satellite link. An adequately high 
intelligibility could be retained at the cost of some fidelity in . voice 
communication. 

18/7/2 (Item 1 from file: 108) 
DIALOG(R)File 108:Aerospace Database 
(c) 1996 AI.AA. All rts. reserv. 

01461147 A.84-15431 
Satellite link communication protocols 
PUJOLLE, G. (Paris VI, Universite, Paris, France); SPANaOL, O. 

(Frankfurt, universitaet, Frankfurt. am Main, West Germany} 
IN: Data networks with satellites; Proceedings of the Working Conference, 

Cologne, West Germany, September 20, 21, 1982 (A84-15429 04-32) ' Berlin, 
Springer-Verlag, 1983, p. 37-..52. 

1983 9 REFS. 
LANGUAGE: English 
COUNTRY OF ORIGIN: France COUNTRY OF PUBLICATION: Germany 
DOCOMENT TYPE: CONFERENCE PAPER 
DOCUMENTS AVAILABLE FROM AIAA Technical Library 
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JOURNAL ANNOUNCEMENT ;~ IA.A:84 04 
The :restrictions ,imposed by satellite-link factors on high~level 

data-link control (H;DLC) systems are characterized, and a new classt of li.nk 
protocols is presented and evaluated analytically. HDLC frame-checking, 
error-recovery, and window,..si2e procedures are reviewed for the balanced 
operational mode and shown to significantly impair .. performance when HDLC is 
used in high-bandwidth satellite systems. •· '.Virtual subchannel I 

protocols of static, dynami.c, and priority (mixed stat.ic-<iynamic) type, 
based on a time -slot subdivis.ion of the channel to reduce 

bandwidth , increase window size, and permit the coexistence of JnUlti.ple 
rejections, are introduced .. Block diagrams of the different tyPes are 
provided. The throughput behavior of the static-virtual-- subchannel 

found that the number of subchannels must be strongly limited to 
control :i..nterblocking risk and error-detection time (T.K.) 

SOURCE OF ABSTAACT / Sl)BFILE: AIM ?' 

? 
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19/7 /1 {Item 1 from file: 2) 
DIALOG(R)File 2:INSPEC 
(c) 1996 Imititution of Electrical Enginee.rs. All rts. reserv. 

5185252 INSPEC Abstract Number: B9603-6250-031 
Titler Performance of a coded mult.icar.:r:ier os .. cOMA system in .mµ,ltipath 

fading channels 
Author(s): Qingxin Chen; S01.tsa, E.S .. ; Pasupathy, s. 
Author Affiliation:. Dept. of Electr .. &: comput. Eng., Toro:nto Univ .. , Ont., 

Canada 
Journal: Wireless Personal Communications vol.2, no.1-2 p.167-83 
Publisher:. Kluwer Academic Publishers, 
Publication Date: .1.995 Country of Publication: Netherlands 
CODEN: WPCOFW ISSN: 0929-6212 
S!dI: 0929-6212 (l.995) 2: l/2L .167: l?CMC.; 1-3 
Material Identity Number: 022.5-96001 
U.S .. Copyright Clearance Center Code: 0929-621..2/95/$8.00 
Language: BngliE(l:l Document Type: Journal Paper (JP) 
Treatment: Theoretical fl') 
Abstract: Multicarrier DS~CDMA has been considered as an effectiv~. scheme 

for reducing multiple access interference in gu.asi-synphronous 
transmission. The. scheme . allows t.he reduct fort .. of multiple access 
interference. by transfer.ring the orthogonality property of the signals into 
the frequency domain where the orthogonality property is robust to :relative 
chip offsets between the spreading codes of the various u1;1ers. Ho;wever in 
multipath channels, the multicarrier technique results in fa:-equency 
non'-'selective fading in the sub channels , due to the narrower 

bandwidth , hence a reduc~ of the capability of the spread 
spectrum signal to mitigate the effect of multipath propagation ... We 
consider the use of a Reed-Muller code with soft dec.ision decoding to 
regain the corresponding loss in performance., a:nd compare the resulting 
system with a single carrier DS-CDMA system. The effect of system 
parameters such as the number of sub channels i .. s investigated 
through numerical calcul~tion and simulation, from which a number o;f system 
design criteria are arrived at. (23 Refs) 

Copyright 1996, IEE 

19/7/2 (Item 2 from file:. 2) 
DIALOG ( R) File 2 : INSPEC 
(c) l.996 Institution of Elect.rical Engineers. All rts. reserv. 

44.46058 INSPEC Abstract Number: B9308-5210C-044 
Title: ISI-reduced modulation over a fading multipath Channel 
Authox { s) :. Khandani, A. K. ; Kabal, P . 
Author Affiliation: Dept. of Electr. Eng., McGill Univ., Montreal, Que., 

Canada 
Conference Title: 1st International Conference on Universal Personal 

Communications., ICUJ?C '92 Proceedings (Cat. No.92TH0434-l) p,ll,'02/1-5 
Publisher: IEEE, New York, ·NY, USA 
Publication Date: 1992 Country of Publication.: USA xxx+442 pp. 
ISBN: 0 7803 0591 4 1 

u .. s. Copyright Clearance center code: o 7803 0591 4/92/0000-0288$3. 00 
conference Sponsor: IEEE 
Conference Date: 29 Sept.--1 Oct. 1992 Conference Locati.on: Dal:1,a.s, TX, 

USA 
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Language: English Document Type: Conference Paper (l?A} 
Treatment: Theoretic;;al (T) 
Abstract: The idea of using the channel eigenvecto.rs as the basis for a 

block based signaling scheme over a fading multipath channel is inbroduced. 
This basis minimizes the product of the average fading attenuations along 
different dimensions. The ISI from the preceding blocks .(intra ... block ISI) 
is modeled by an additive Gaussian nois.e. To reduc.e. the ef fec,t of the 
intra-block ISI, a number of zeros are transmitted between successive 
blocks. The number of zeros is optimized to m1m.m1ze the , ave.rage 
probability of error. As the transmission of zeros reduces the 

bandwidth efficiency, this optimization procedure is more us~ful for 
lower bit rates. By applying quadrature amplitude modulation (QAM) to each 
dimension, a set of two-dimensional subchannels with unequal fadings is 
obtained. A coherent M-PSK constellation is employed over each QAM 

subchannel . The authors propose two methods to distribute the rate and 
energy between the subchannels { 5 Ref sJ 

19/7/3 (Item 3 from file: 2) 
DIALOG{R) File 2: INSPEC 
(c) 1996 Institution of Ele.ctrical Engineers. All rts. reserv. 

03983871 INSPEC Abstract Number: B91065525, C91063955 
Title: Digital HDTV compression using parallel motiort-compensated 

transform coders 
AUthor(s}: Ha.ng, H. -M..; Leonardi, R. ,· Haskell, B.G.; Schmid:t, R.L.; 

J:3heda, H,; Othme:t, J.H. 
Author Affiliation: AT&T Bell Lab., Holmdel, NJ,. US.A 
Journal: IEEE Transactions on Circuits and Systems for Video Techhology 
vol.1, no.2 p.210-2;J. 
Publication Date: June 1991 country of .Pu.blication.: USA 
CODBN: ITCTEM ISSN; 1051-8215 
u. $. Copyright Clearance Center Code: 1051-8215/91/0600-0210$01. ob. 
Lang11age: English Document Type: Journal. Paper {JP) 
treatment: Practical (P); Theoretical (T) 
Abstract: The authors suggest a parallel processing structure using the 

, proposed international standard for visual telephony (CC:CTT P*64 kbs 
standard) as processing elements, to compress digital high definition 
television (HDTV) pictures .. The basic idea is to partition an HDTV picture, 
in space or in frequency, into smaller sub-pictures and then compress each 
sub-picture using a CCITT P*64 kbs coder. This seems to be a cost-effective 
solution to the HDTV hardware. Since each sub-picture is processed by an 
independent ' .coder, without coordination these coded. sub-pictures tnay have 
unequal picture quality. To maintain a uniform quality HDTV picture, the 
following two issues are studied: sub channel. control strategy 
(bits allocated to each sub-p,icture)~; and quantization cJ.nd buffer· control 
strategy for individual sub-picture coders. Algorithms to resol:ve the.se 
problems and their computer simulations are presented. {13 Refs) 

19/7/4 (Item 1 frotn file: 8). 
DIALOG (:R) File 8: Ei Compendex (R} 
(c} 1996 Engineerlng Info. Inc. All rts. reserv. 

04336367 E. L No: EIP96023018214 
Title: ~erformance of a coded multi-carrier DS~CDMA. system in mu~ti-patb 

fading channels 
Author: Chen, Qingxin; Sousa, E!lvino S.; Pasupathy, Subba.rayan 
Corporate Source: Univ of Toronto, Toronto, Ont, Can 
Source: Wireless Personal Communications v 2 n 1-2 1995. P 167-183 
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Publication Year: 1995-' 
CODEN: WPCOFW ISSN; '0929-6212 
Language: English 
Document Type: JA; {Journal Article) Treatment: G; {General Review) 
Joµrnal Announcement: 9603W4 
.Abstract: Multi-carrier OS-CDMA has been considered as an effective 

scheme.for reducing multip1e access interference in quasi-synchroncms 
transmtssion. The scheme allows the reduction of multiple access 
interference by transferring the orthogonality property of the signals into 
the frequency dop:1ain where the orthogonality property is robust to relative 
chip. offsets between the spreading codes of the various users •. However in 
multi-path channels, the multi-carrier technique results in frequency 
non-selective fading in the sub channels , due to the narrower 

bandwidth , hence a reduction of the capability of the spread 
spectrum signal to mitigate the effect of multi-path propagatiort. Ih this 
paper, we consider the use of a Reed-Ml,;lller code witl:+ soft decision' 
decoding to regain the corresponding loss in perf.ormance, and compare the 
resulting system with a single c<;1,rrier DS-CDMA system. The. effect Qf system 
parameters such as the number of sub channels is investigated 
through numerical calculation and simulation, from which a number of system 
des.ign criteria are arrived at. (Author abstract) 23 Refs. 

19/7/5 (Item 2 from file: 8) 
O:tALOG (R) File 8:Ei Compendex (R) 
(c:} 1996 Engineering Info. :Cn.c. All rts. reserv. 

02764406 E .. I. Monthly No: EI89070624$3 
Title: Vector coding for partial response channels. 
Author: Kasturia, S.; Aslanis, J. T.; Cioffi, J.M. 
Corporate source: Stanford Univ, Stanford, CA; USA 
Conference Title: IEEE 1988 Inte:rna,.tional Symposium on Information Theory 

- .Abstract.a of pa.pers 
conference Location; Kobe, Jpn Conference Date: 19880619 
Sponsor: IEEE, Information Theory Group, New York, NY, USA; Inst of 

Electronics, Information & Communication Engineers of Japan, Jpn 
E.I. Conference No.: 12027 
Source: IEEE 1988 lnt Symp on Inf Theory Abstr of Pap v 25 n 13 .. Publ by 

IEEE, New York, NY, USA. Available from IEEE Service Cent (cat n 
88CH2621~l) Piscataway, NJ, USA. p 14.1-142 

Publicati.on Year! 1988 
Langu.age: English 
Document Type: PA; (Conference Paper) Treatment: T; (Theoretical) 
Journal Announcement= 8907 
.Abstract: Summary form.only given, as follows. Trellis codi.ng methods 

that increase the reliability of data transmission without increasing 
bandwidth requirements were introduced by G. Ungerboeck (1.982) and 
subsequently have been developed exte.nsively. Forney has characteri'Zed most 
of these codes as coset codes, and here the authors present a technague 
that applies coset codes to partial response channels., Simple codes, based 
2n the z 4 lattice achieve asymptotic coding gains of 3 dB .and mor~ over 

maximum-likelihood sequence detection for partial response channel,s of the 
type (1 - D) (1 plus D) m. Their technique divides the channel into a set 
- of parallel independent channels using eigenvectors of cc T whe.re: C 
-specifies the pulse response of the channel over a finite input block .. The 
autho:i;-s use intersymbol-interference-free signaling on each subchannel 
they then allocate the inf.ormation and redundancy bits across the 

subchannels . As with the preceding technique, this technique reµses 
known coset codes. The authors obtain significant improvement over 
preceding based codes .for a low number o,f bits/T as they justify us:inQ" 
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capacity arguments. Unlike the bina:ry codes of Wolf-tJngerboeck, these codes 
expand the si.gnal set with mult.ilevel signals, thereby avoiding any data 
rate reduction or ,.bandwidth expansion. 4 Refs. 

1.9/7/6 (Item 3 from file~ 8) 
DIALOG (R) File 8: Ei Compendex (R) 
(c) 1996' Engineering Info. Inc. All rts. reserv. 

00'748895 E. I. Monthly No: EI'7810072194 E. I. Yearly NO: EI780l37,21 
Title: TRIDEC SYSTEM OES!GN. 
Author: Yasuda, Hiroshi; l<awanishi, Hisashi; Matsuoka, Takeshi; Kan~.ya, 

Fumio 
Corporate Source: Nippon Telegr & Teleph Public Corp, Musashino E1ectr 

Commun Lab, Jpn 
Source: Review of the Electrical Communication Laboratories (Tokyo) v 25 

n 11-12 Nov-Dec 1977 p 1337-1346 
Publication Year: 1977 
CODEN: RELTAN ISSN: 0418 .. 6338 
Language: ENGLISH 
Journal Announcement: 7810 
Abstract: Design of an interframe coding system is desc:ribed. which is 

capable of transmitting both 4 MHz videotelephone signals and NTSC color TV 
signals at an average rate of 6. 3L2 Mb/s. The coding system takes as much 
advantage as posed.ble of in-frame correlation.,. in. addition. to interframe 
correlation (combinational difference). Variable-length word coding: is 
effectively used to reduce the number of bits to be transmitted. In1 order 
to prevent buffer overflows luminance and spatial resolutions are : 
controlled .. To control luminance resolution, interframe difference is 
multipHed by coeffic:ient ALPI-1.A..LESS TH1W" EQUIVALENT TO 1, so that ,value 
approaches zero when violent motion causes the buffer to fill. Spatial 
resolution control is achieby using subsample and subline coding modes. 
14 refs. · 

19/'7/7 {Item 4 from file: 8) 
DIALOG{R}File 8:Ei Compendex{R) 
(c) .1996 Engineering Info. In.c. All rts. reserv. 

00681394 El.I. Monthly No: EI7709066017 E.I. Yearly No: EI77041.6-88 
Title: TRANSMITTING 4-MHz TV SIGNALS BY. COMBINATIONAL DIFFERENCE CODING. 
Author.: Yasuda, Hiroshi; Kuroda, I-Iideo; Kawanishi, Hisashi; Kanaya, Fumio 
Hashimoto, Hideo 
Corporate Source: Nippon Telegr & Teleph Public Corp, Tokyo., Jpn 
source: IEEE Trans Commun v COM-2.5 n S May 1977 p 508-516 
Publication Year: 1977 
CODEN: IECMBT ISSN: 0096-1965 
Language: ENGLISH 
Journal Announcement: 7709 
.Abstract: An interframe coding system is described which is capal:lle of 

transmitting both 4-MHz Videotelephcme signals and NTSC color TV signals at 
an average rate of 6. 312 Mbits/s. The coding system takes as much 
advantage as possible of in-frame correlation, in addition to interframe 
correlation, by coding pel-to-pel difference of interframe differen9e 
(.combinational difference). Variable-length word coding is effectiv¢1Y' used 
to reduce the number of bits to be transmitted. In order to prevent: buffer 
overflow, luminance and spatial resolutions are controlled. To control 
luminance resolution, interframe difference is multiplied by a coefficient 
ALPHA LESS THAN EQUIVALENT TO 1, so that value approaches zero when: violent 
motion causes the buffer to fill. Though multiplication with small ALPHA 
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,..., 

results in temporal resolution reduction in moving areas, quality 
degradation is not too marked. Spatial resolution .control is achieved by 
using subsample and subline coding mod.es. 14 refs .. 
? 
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Author Affiliation: Columbia Univ., New York, NY, USA 
Journal : Journal of Computer and System Sciences vol .. 3.8., no .. 1 p. 

134-49 
Publication Date: Feb. 1989 Country of Publication: USA 
CODEN: JCSSBM ISSN: 0022-0000 
U.S. Copyright Clearance Center Code: 0022-0000/89/$3 .. 00 
Language: English Document Type: Journal Paper (JP) 
Treatment: Theoretical (T) 
.Abstract: 'l'he authors show that the following statements are equ.ivalent: 

Statement 1. 3-pushdown graphs have sublinear separators.. Statement 1, 
k- page graphs have, sublinear separators. Statement 2. A p:ne-ta~e 
nondeterministic • Turing machine can simulate a two-tape machine in 
subquadratic . time . None of the statements is.known to be.true ,or false 
at present.. However, the .. aut~hors proof of equivalence is quantitative-it 
relates exactly the separator size of the two kinds of graphs to the 
running time of the simulation in Statement 2. Using this e.qu'ivalence 
the authors derive several graph-theoretic corollaries. There are known 
examples where upper bounds on graph properties imply upper .bpunds on 
computation time or space. There.are other.examples where lower bounds 
Oll graph properties are usecl to derive lower bounds on computation i time 
in restricted settings. However., the authors.' results may constitute the 
first example where a ,graph problem .is shown to be equivalent to a: problrem 
in computation complexity. (17 Refs) ' 

4.1/7 /3 (Item l from file: 6) 
DI]uJOG(R)File 6:NTIS 
Comp & dist by NTlS, Intl Copyright All Rights Res. All rts. reserv:. 

1212.312 NTIS Accession Number: NTN86-1001 
Simulating Single-Event Upsets in Bipolar RP.M's: This simulation 

technique can save much testing 
(NTJ:S Tech Note) 
National Aeronautics and $pace Administrationr Washington, DC. 
Corp. Source Codes: 01.124900() 
Sep 86 1p ·1· 
Languages: English 
Journal Announcement: GRAI8623 
FOR ADDITIONAL INFORMATION: Contact: N.ASA Technology Transfer Piv., PO 

Box 8757 BWI .A.irport, MD 21240; {301) 621.-0100 ext 241. R~fer to 
Nl?0-16491/TN. 

NT!S Prices: Not available NTIS 
Country of Publication: United States 
This citation summarizes a one-page announcement of technology a:vailable 

for utilization. A technical paper present.a the results of ~omputer 
simulations of single-event upsets in bipolar in!tegrated 
circuits--particµlarly random-access memories (RAM'S). A companion paper 
discusses experiments to check the accuracy of the simulation. Although 
metal-oxide.:.serniconductor (MOS) in,tegrftted circuits have recei1'ved more 
attention, bipolar chips are also suscepti,ble to single-event up:sets .and 
will become even more so as they are made smaller. Also known as 
single-particle soft-error generation, this phenomenon is manifested as a 
bit flip in a flip-flop or a RAM ce.ll. It occurs when an energetic heavy 
ion traverses a transistor or diode in a chip. The simulation; uses an 
interactive version of SPICE (Simulation Program with Integrated Circuit 
Emphasis.). The device ,:1nd subcircuit models available in the soft.ware are 
used to construct a macrornodel for an integrated bipolar tra:Oaistor. 
Time~dependent current generators are placed inside the transistor 
macromodel. to simulate charge collection from an ion track. A significant 
finding of the experiment.s is that the standard design pract.ic.e of ;reducing 
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the power in an unaddressed bipolar RAM cell .increases the, sen$iti"irity of 
the cell to $ingle-event upsets. The reason for.this is that a RAM cell 
operating in th~ ®add:t~ssed, standby mode responds more slowly anµ allows charge to col~ect over a longer time period. An unaddressed :cell may 
res.pond to an ion track anywhere in the bipolar transistor through charge 
collection at all junctions. 

41/7/4 (Item 1 from file: 434) 
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\ 
13704745 Genuine Article#: QJ657 Number of References: 39 
Title: .MEASLES-VIRUS PEkSISTENCE IN AN IMMORTALIZED MORINE MACROPHAGE 

Auth~!~~}~1:LDMAN MB; B~KTHAL DJ; PtCCIOTTO S; OBRYAN TA; GOLDMAN JN 
Corporate Source: PENN STA.TE UNIV,DEPT MED/HERSHBY//PA/17033; PENN STATE 

UNIV,COtL MBD,DEPT MlC~OBIOL & IMMUNOL/EERSHEY//PA/17033 . 
Journal: VIROLOGY, 1995, V2~7, Nl (FEB 20)., P12-22 
ISSN: 0042-682.2 
Language:' ENGLISH Document ype: ARTICLE i 

Abstract: Persistent infection with the .E.dmonston strain of measles.1 virus 
{MV) h;;is been established i'i\ IC-21 cells, an immortalized murin.e 
macrophage cell line. Persisu_ence was established immediately w'ithout 
syncytia fo•rmation or cytopatnic eHects. MV was expressed in the 
majority of the cells as eviciertced by immunofluorescence mkroscopy, 
flow cytometry, infectious cent~rs assays, and limiting dilution 
analysis. :Hemagglutinin (Hl and ~osphoprotein expressed in 
persist.ently infected IC-21 cells had retarded migration in sos-

PAGE . gels when compared to thes\ proteins expressed in Vero cells. 
H protein differences were also foun~~:tween freshly infected JC-21 

~±i18 :J:11:~:ist~rti~-~~r~~i~:,!r~:!o~~l=tp~1:;:~~rt~0 ~i:::~ ~~~=ars. 
maintained .. these . characteri.stic. s for 2. y"aars bf passage. During: this 

time period the intensity of immunofl1lorescence and the number of 
infectious virus particles recoverable .fludt,_uated. in five of th~ six 
cell .lines. In one cell line virus expressi<;>I\remained at a consistent 

~~ti;":'~. ;0;~~::i;f i~fo s.~:~~!i::.;!/!r~!!i~. ~P:1".rt!~.!et::ion •.in 
disseminating the infection. It facilitates expe 'ments on , 
immunological aspects. of viral immunity by en.abli~cell mixing, 
experim. ents with histocompatible cell.populations a: d. by making• 
available the wide array of cellular and hum.oral rea ents in th~ mouse. 
(C) l995 Academic Press, Inc. \ 
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12299178 Genuine Article#: LA569 Number of References: 16 
Title: MOST UNIFORM PATH PARTITIONING AND ITS USE IN IMAGE-PROCESSlNG 
Author(s): LtrCERTlNI M; PERL Y; SIMEONE B 
Corporate Source: UNIV ROMA LA SA1?IENZA,DEPT STATil?IAZZALB ALDO MORp 

5/I-00185 ROME//ITALY/; UNIV ROMA LA SAPIENZA,DEPT STAT,PIAZZALE ALDO 
MORO 5/!-00185 ROME//ITALY/; NEW JERSEY INST TECHNOL,INST INTEGRATED 
SYST,DEPT COMP & INFORMAT SCI/NEWAAK//NJ/07102; UNIV ROMA TOR 
VERGATA,DEPT ELECT ENGN/I-00173 ROME//ITKLY/; UNIV ROMA TOR VERGATA,CTR 
MATEMAT VITO VOLTERRA/I-00173 ROME//ITALY/ 

Journal; DISCRETE APPLIED MATHEMATICS, 1993, V42, N2.-3 (APR 27), l?2~7-2SfS 
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ISSN: 0166-218X 
Language: ENGLISH Document Type: ARTICLE 
Abstract: Let Q be a. vertex-weighted path with n vertices .. For any pair (L, 

U) can one find a pa,°rtition of Q into (a given number p of) 

? 

suhpaths , such that the total weight of every subpath .Lies 
between L and U? . We present linear- time algorithms for the! 
partitioning problem for given (L, U) and an O(n2p/log n) algorithm, 
relying on the above procedures, for .finding a partition that m:i.nimizes 
the difference between the largest and the smallest weight of ai 

subpath (most uniform partitioning). Our approach comJ:,ines a 
preprocessing procedure,. which detects ''obstructions'', if any:, via a 
sequence of vertex compressions; and a greedy procedure, which actually 
finds the desired partition. Path part.itioning can be a useful ;tool in 
facing image degradation. In fact whenever a picture is taken .or 
converted from one form to another, the resulting image can be affected 
by different types and degrees of degradation.; if we have no 
informations on the actual degradation process that has taken place on 
the image (or .if it is too difficult or costly to find such · 
informations), the only way for image enhancement consists irt 
increasing contrast and reducing noise by suitable modif icati.orts of the 
grey level of pixels. Finding the optimal grey scale transformation 
which leads to this enhancement can be formulated. as the problem of 
partitioning into connected components a path with vertices 
corre.sponding to grey levels and vertex weights equal to the number of 
occurrences of the corresponding tone in the image, so that the. sum of 
the weights of the vertices in each component is ''as constant as 
possible''. In addition to image processing, this problem has 
applications in paging , clustering and the design of. communication 
networks. 
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33 
29 
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842 AND FILTER? 
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846 AND SIGNAL?(2N}'PROCESS? 
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5358466 INSPEC Abstri:1ct Number: B9610-6320-006, C9bl0-5260-039 
Title: Digital signal processing in .a spaceborne radar alt:imeter 
Author(s}: Crowley, R.D.; Walker, D.M. 
Author Affilfation: E-Syst. Inc., st. Petersburg, FL, USA , 
Conference Title: Proceedings of the 5th International Confe.lre.nce on 

Signal Processing Applications and Technol.ogy Part vol. :2 p:.1338-43 
vol.:2 

Publisher: DSP Associates, Waltham, MA, USA 
Publication Date: 1994 Country of Publication: USA :2Vol. 1754 pp. 
Material Identity .Number: XX96-01953 
Confe.rence Title: Proceedings of 5th International Conference on ~ignal 

Processing .Applicat:i.ons and Technology 
Conference Date: 18-21 Oct. 1994 Conference Location: Pallas, tt'X, USA 
Language: English Document Type: Conference Paper (PA) ' 
Treatment: Practical (P); Theoretical {T) 
Abstract: This paper gives the design of theDSP function in a spaceborne 

radar altimeter. The digital . signal .. processing- function beg;i.ns with 
the antialias filtering operation that consists of an isolatioh buf.fer 

amplifier an antialias filter , and an AC-coupled Alp buffer 
amplifier The output of this function drives an 8-bit A/D converter. 

Two identical channels are implemented to produce a complex, signal. 
Filter requirements are eased by oversampling the data. 256; complex 

samples are taken of each return chi.rp. To make fine tracking adj u13tments, 
the samples are frequency translated via a complex multiply by a1 complex 
tone. The data then has· a 256-point complex FF'I' performed on it. N~xt, the 
magnitude squared function is taken of each individual frequency bin. The 
center 128 frequencies are used for further processing. This ins by 
accumulating the power in so succe.ssive"' chirps to smooth tihe rand m data. 
'rhe processing to this point is implemented in a 16-bit fixed point: digital 

signal processor and control logic is resident in· a field 
programmable gate array (B'PGA). The so-chirp average is then used a.s the 
input to two tracking loops that adjust the receiver gain, LO chirp 
timing (coarse timing), and fine timing. (6 Refs} 

Copyright 1996, IEE 
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5248294 INSPEC Abstraot N1.1mber: B9606-6430D-003 
'l'itJ.e: 64/256 QAM. chip-set for digital CATV application 
A.uthorCs): Ishizawa, Y.,.; Yanai, Y.; .Nakayama, I. 
Conf.erence Title: IEEE 1995 International Conference on 'cons1.1mer 

Electronics. Digest of Technical Papers. ICCE (Cat. No. 95CH3 571-'9} p. 
36-7 

Publishe.r: IEEE, New York, NY, USA 
Ptiblicatiort Date: 1995 country of Publication: USA 430 pp. 
ISBN: 0 7803 2140 5 Material Identity Number: XX95 ... Ql174 
U.S. Copyright Clearance Center Code: o 7803 2140 5/95/$3.00 
Conference Title: Proceedings of International confer.ence on 9onsurner 

Electronics 
conference Sponsor: Consumer Elect.ran. Soc. IEEE 
conference Date: 7-9 June J...995 Conference Location: Rosemont, (IL, USA 
Language: English Document Type: Conference Paper {PA) 
Treatment: .Applications (A}; Practical (P) 
Abstract: A small /ind cost effective 16/32/64/256 .~ receiver 

chip ... set is developed for next generation digital CATV systems. '1.'he 
QAM receiver was partitioned into a two-chip set., analpg and 
digital chip for board size reduction. Most of all the analog; parts 

except the tuner is incorporated in one chip. The digital 13-daptive 
equalizer with about 470 k-transistors has been. implemented on a 3f5 mm/sup 
2/ die using a 0.5 mum CMOS technology and with an optimized filter 
circuit. (2 Refs) 
Copyright 1996, IEE 
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03692448 INSPEC Abstract Number: B90057382 
Title: Characteristics of land mobile earth stations for the EMS$ project 
Author(s): Hamamoto, N.; Suzuki, R.; Ikegami., 'l',; Taira, S.; .!chiyoshi, 

o. ; Sa.to, N. ; Tada, s . 
Journal: Review of the Communications Research Laboratory vol. 36, 

spec. issue. p.75-82 
Publication Date: March 1990 Country of Publication: Japan 
COPEN: TSKKED ISSN: 0914-9279 
Language: Japanese Document Type: Journal Paper {JP) 
Treatment: Applications (A); Practicc1l (P}; Experimental (X) 
Abstract: A feasibility study on land mobile sc1.tellite communicatiqri was 

carried out using three kinds of mobile earth stations. These earth 
stations were developed after considering the potential effect. of such 
si.g.nal propagation characteristics as multipass fading and the blockage 
effect on future practical applications. The first earth station: employs 
the ACSSB ( Amplitude Companded SSB) technique, which can transmit a 

voice signal with, narrow bandwidth. The second earth station uses a 
digital signal processing technique applied to bo:th QPSK 

modulation / demodulation and voice coding/decoding. The third 
earth station employs the spread spectrum (SS) system using a; matched 

filter technique for de-spreading a re.ceiving signal.. The paper 
introduces the configurations of these .earth stations and also reports on 
their perfortnance. Additionally, an example of signal propagation 
characteristics in an urban area is presented. These are experimental. 
resl.l'.lts using the ETS-V satellite. (5 Refs) 
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035687.28 INSPEC Abstract Number: B90017768 
Title: A. mixed analog digital . secondary channel FSK modem 
Author(s}: Chen, C.-s.; Huang, E.; White, B.J. 
Author Affiliation: Silicon Syst. Inc., Tustin, CA, USA 
Confe.rence Title: 1989 IEEE International solid-State Circuits 

Conference. Digest of Technical Papers. 36th ISSCC. First Edition (Cat. 
No.CH2684-9) p.266-7, 363 

Publisher: IEEE, New York, NY, USA 
Publication Date: 1989 Country of Publication: USA 394 pp. 
U.S. Copyright. Clearance Center Code: 0193 ... 6530/89/0000-0266$0.l.O'O 
Conference Sponsor: IEEE; Univ.. Pennsylvania 
Conference Date: 15-17 Feb . .1989 Conference Location: New '¥"Prk., NY, 

USA 
Language: English Document Type: Conference Paper (PA) 
Treatment: Applications (A); Practical (P) 
Abstract: The authors describe a fully integrated circuit that performs 

the functions of a 75-b/s narrowband FSK (freqtiency-shift-keying) modem 
, along with t.he necessary filtering functions to provide grea:ter than 
30-dB channel separation between FSK and QAM (quadrature ampl'.itude 

modulation ) signals .. Switched-capacity circuits are used extens:ively to 
implement the QAM filters and the FSK transmitter, ' and a 
reduced-instruction-set digital signal processor is employed to 
realize the FSK receiver An important aspect of the digital 

filters realized on the chip . is that each mu1 tiplier coe.fficient is 
optimized to have fewer than th:r.ee nonzero bits in the signed-digit 
representation. With layout precautions and separate bonding pads for 
voltage supplies, the crosstalk between QAM and FSK signals· and the 
coupling of the signal processor switching noise into analog 
signals are minimized. Less than 0.5 dB performance degradation of 
signal-to-noise ratio with 10/sup -6/ bit-error rate is introduced for 
19.2-kb/s modems The chip is fabricated with a 3- mu m, 
double-polysilicon, single-metal, p-well CMOS process. (2 Refs) 
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03070367 INSJ?EC Abstract Number: B88015324 
Title: The generation and demodulation 

phasing method. II. Signal processing 
without using crystal filters 

Author(s): Oppe~t,. R. 

of S$B signals u•sing the 
for a SSB/DSB/AM-tra~sceiver 

Journal: VHF communications 
Publication Date: Autumn 1987 
CODEN: VHFCEB ISSN: 0177-7505 

vol.19, no.3 p.130-40 
Country of Publication: West Germany 

Language: English Document Type: Journal Paper (JP) 
Treatment: Practical (P) 
Abstract: For pt.I see ibid., vc_,l.19~ no.2, p.66 {1987). A practical 

realization of phasing SSB process1ng is described. The experimental 
prototype presented contains the phase-shifting networks and mixer stages 
for both transmitter and receiver The single-side ... band signal is 
capable of being switched between upper and lower sideband and ,the term 
double-side-band refers to two sidebands carrying identical modulation 
but having a suppressed carrier. The AM signal is, of course,: the DSB 
signal complete with full ca.rrier. Switching between send and receive 
as well as between the three modes is accomplished at audio f;requency 



IPR2020-00033 Page 00100

by means of CMOS switches. (0 Refs} 
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02445907 INSPEC Abstract Number: B.85030775, C85024310 
Title: A 1200 Bi t/s QPSK full duplex modem ; 
Author{s): Hanson, K. ;, Severin, W.A.; Klinkovsky, E.R.; Richardsoh., D.C.; 

Hochschild, J. R. 
Author Affiliation: Texas Inst:rum. :rnc . ., Houston, TX, USA 
Journal: IEEE Journal of Solid-State Circuits vol. SC-19, no1. 6 p. 

878-87 
Publication Date: Dec. 1984 country o:f Publication: USA 
CODEN: IJSCBC ISSN: 0018-9200 
U.S. Copyright Clearance Center Code: 0018-9200/84!'1200-08780$0.1.00 
Language: English Document Type: Journal Paper (JP) 
Treatment: Practical f P) · 
Abstract: An NMOS integrated circuit is described that provides[ all the 
modulation , demodulation filtering and data-buffering 

functions for a 1200-b/s full-duple.x voice -band modem This 
rnodem is compatible with the Be.11 212A modern , the Racal-Vadic 2400 
modem , and the CCITT v. 22 recommendation. All of the rn'odems , 

options, a:nd alternatives supported by these modems are also supported 
by the integrated circuit. The integrated circuit uses switched-d1pacitor 

signal processing circuit technology. This technique uses charge 
storage on-ratioed capacitors and allows the design of filters , 

amplifiers , automatic gain control e.lements, voltage,...controlled 
oscillators, Hilbert filters , phase-locked loops, and •i:l :fully adaptive 
eqtta.Iizer to be implemented on the same integrated circuit as the: digital 
functions, which include the clock generation circuits and the transmit and 

receive buffers. Performance measurements show that the IC meets the 
bit error rate sta:ndard at 12-dB. signal-to-noise ratio. (12 Refs) 
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02064444 INSPEC Abstract Number: B83035180 
Title: Hybrid matched filters for discrete FM signals and the.ir noise 

immunity 
Author{s}: Zhayloobayev, N. 
Journal: Ele.ktrosvyaz vol.36, no.3 p.58 et seq. 
Publication Date: March 1982 Count:ry of Publication: US~R 
CODEN: EKVZAO ISSN: 0013-5771 . 
Translated in: Telecommunications and Radio Engineering, Part l 

(Telecommunications) voL 36, no. 3 p. 57-61 
Publication Date: Ma.rch 1982 Country of Publication: USA 
CODEN: TCREAG ISSN: 0040-2508 
Language: English Document Type: Journal Paper (JP} 
Treatment: Theoretical (T) i 

Abstract: Discrete, frequency- modulated (DFM) signals are widely used 
in noise-immune systems,for transmitting sampled. data. A DFM signal can be 

received by a receiving device which consists of linear { 
analogue ) matched filters (LMF). Each LMF contains N channels and 

an output adder which adds together the outputs of all channe;ls. Each 
channel consists of a matched filter which is tuned to the frequency 
and phase of a specific element of the DFM signal (below such a filter 
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will be called an element matched filter -Etvt.1:<), a delay line and a 
phase shifter. A ·, receiver containing an LMF consists{ of RF 

amplifiers mixers, heterodyne oscillators and IF amplifiers , and 
AGC system, an optimum . signal processor with LMl", a secondary 
processor and a synchronization device. An optimum LMF processor,. 'however, 
is optimized with respect to random noise and is quite ineffective in the 
presence of high ... power structural (similar to the information-t?arryihg 
signal), pulsed and narrowband interference (SI, PI and NB.I). This 
disadvantag~ can be eliminated by replacing the LMF in such a processor by 
a hybrid ( digital analogue ) filter (HF). The need fo'r s.uch a 

filter was discussed together with different versions of' hybrid 
filters for DFM signals. In this paper the authors discuss t.he most 

promising version of the HF, which works. effectively in the presence of 
random noise, SI, PI and NBI. As a first-order approximation, the noise 
immunities of LMF and HF processors can be estimated from changes in the 
output signal-to-interference ratios of these filters when signal, 
random noise and high-power SI, Pl and NBI are present at their inputs. {5 
Refs) 
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01867245 I.NSPEC Abstract Number: B82032215 
Title: Fully digital-a .revolution in colour televis.ion receivers 
AUthor(s): Knapp, K.H. 
Journal: Funk.Schau no.24 p. 95 ... 9 
Publication Date: 27 Nov. 1981 
CODEN: FUSHA2 ISSN.: 0016-2841 

Country of Publication: West Gelrroany 

Language: German Document Type: Journal :Paper (JP) 
Treatment: Applications (A); General., Review (G} 
Abstract: Describes a novel ITT TV re.ceiver , operating in digital 

mode below the IF amplifiers , Le .. in t.he video- and audio stages. 
To achieve an e.conomically viable solution, all applied A.ID Converters 
operate at an optimal minimum bit rate. The central processor is ba..E:ied on 
the IC type 804.9, and controls the video codec and video processor, with 
digital delay and adder- and multiplier circuits for luminance and 
chrominance separation and amplification , with a clock rate of; 18 MHz. 
A separate digital processor provides sync control- and lock-$ighals for 
both time bE!..ses. While digital video processing requires a large bandwidth, 
the audio system with the stereo TV sound demands high resblu.tion, 
typically 14 bit .. Pulse width modulation with eithe.r class-D o!r line.ar 

amplifiers after lowpass- filtering is applied. Block dic1.grams of 
video- and audio digital sections•' are shown and commented upon. The 
whole concept employs 6 special ICs and saves about 360 individual 
components; photos of a i::onventional and of the new chassis demonstrate how 
'empty' the latter is. Of main interest are speculations on future 
prospects of digital TV broadcasting, completely digitali.zed rece,ivers 
requiring more chip integration, novel test techniques and· service 
approaches. Picture reproduction would greatly benefit by higher fi.eld 
frequency, (75 Hz are proposed) , freedom from line flicker and suppression 
of ghost images .. (1 Re.fs) 
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Title: A multimode digital proces$ing transceiver 
Author ( s} : Ab~nd, K. ; Gumacos, c. 
Author Affil;i.ation: P~i1co-E'ord Corp., Willow Grove, PA, USA 
Conference Title: Proceedings of the IEEE 1972 International Conference 

on Communications p.44-26/6 pp. 
Editor(s): Salati, O.M.; Weinrich, A,W. 
Publisher: IEEE, New York, NY, USA 
Publication Date: 19 72 Country of Publication: USA xviii+11:s4 pp. 
Conference Sponsor: IEEE 
Conference Date: 19-21 June 1972 Conference Location: Philadelphia, 

PA, USA 
Language: English Document Type; Conference Paper (PA} 
Treatment: Experimental (X) 
Abstract: This paper reports on the results of a series of investigations 

related to the use of a real-time digital proces.sor to perform all tactical 
transceiver functions of modulation , demodulation , frequency 
synthesis, heterodyning, and . filtering . A breadboard : Digital 
Transceiver that was built and tested is described. By switching between 
several programs the processor becomes either a receiver or a 
transmitter; for either voice or digital data; via amplitude 
single-sideband, phase, or frequency modulation Algorithms were 
developed which reduce the complexity of the processor and rest.1lt in a 
minim.urn-complexity design for the transceiver. 'I'he resulting Mµlt.im.ode 
Transceiver system configuration including filtering , res~mpling, 
frequency translation, bandpass sampling, and demodulation is 
described. (3 Refs) 
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1759853 NTIS Accession Number: N94-21567/0/XAB 
QPl?M Receiver .for Free-space. Laser Communications 
BUdinger, J. M. Mohamed, J. H. ; Nagy, L. A. ; Lizanich, P. J. ; 

Mortensen, D. J. 
National Aeronautics and space Administration, Cleveland, OH. Lewis 

Research Center., 
corp. source codes: 01~039001; ND31S753 
Report No.: NAS 1.15:106424; E-8265; NASA .. TM-106424; AIAA PAPER 94-1160 
Jan 94 12p 
Languages.: English 
Journal Announcement: GRAI9410; STAR3205 
Proposed for Presentation at the 15TH International commun·ications 

Satellite systems Conference, San Diego, ca, 28 Feb. - 3 Malr. 1994; 
Sponsored by Aiaa. 

NT!S Prices: PC A03/MF AOl 
country of Publication: United States 
Contract No.: RTOP 506-72-21 
A prototype receiver developed at NASA. Lewis Research center for direct 

:ietectidn and demodulation of quaternary pulse position modulated (QPPM) 
:,ptical carriers is described. The receiver enables dual

0

-channel 
::ommunications at 325-Megabits per second (Mbps) per channel. The .. optical 
components of the prototype receiver are briefly described. The electronic 
~omponents, comprising the analog signal conditioning, slot clock r~covery, 
natched filter and maximum likelihood data recovery circuits are described 
in more detail. A novel digital symbol clock recovery technique is 
oresented as an alternative to conventional analog methods. S.imttla;ted link 
:legradations including noise and pointing-error induced amplitude 
irariations are applied. The bit ... error-rate performance of the electronic 



IPR2020-00033 Page 00103

portion of the prototype receiver under varying opcic<il signal-'to~noise 
power ratios is found 'l;o be within 1.5-dB of theory. Implement.at.ion. of the 
receiver as a hybrid of analog and digital application specific integrated 
circuits is planned. 
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1678718 NTIS Accession Number: AD-A260 Sll/5/XAB 
I/Q Demodulation of Radar Signals with Calibration and Filtering 
Lee, J. P. 
Defence Research Establishment, Ottawa (Ontario). 
Corp" Source Codes: 054855000; 404576 
Report NO.; DRE0-1119 
Dec 91 67p 
Languages: English 
Journal Announcement: GRAI9313 
N'I'!S Prices: PC A04/MF AOl 
Country of Publication: Carl.ada 
A simple in-phase/quadrature (I/Q) demodulator architecture w~ich can 

measure the amplitude, phase and instantaneous frequency of radar: signals 
is examined. in this report. This architecture has a potential for radar ESM 
applications where wide instantaneous bandwidth and simple algorithms for 
extracting the modulation characteristics of radar signals are Z'equired. 
This I/Q architecture can rneet the requirement by splitting an lncoming 
signal into its in-phase and quadltature components using a.nalog 
circuitries. However in practice, there are amplitude and phase imbalances 
between the two components and DC offsets, which can introdupe l<:1.rge 
systematic errors to the measurement. In this report, we pres,eht novel 
techniques which can greatly reduce the systematic errors and Improve the 
accuracy of the measurement. A time-domain analysis on the systematic 
errors is given. A calibration technique which can be used to correct for 
the imbalances and offsets is discussed. The effect of noise on the 
accuracy of the measurement is also examined. Imbalance error:s and DC 
offsets of I/Q networks are measured and analyzed. Fin~lly, a 
post-processing technique employing rnoving averagest which is sho~ to be 
effective for improving the output signal-to-noise ratio and reducing 
systematic errors, is also presented .... I/Q Demodulation, Radar ESM, 
Digital receiver, Radar signal parameter measurement. 
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7479.56 NTIS Accession Number: AD-DOOf:i 515/1 
Two-Bit A/D Conversion Apparatus without a Signal Derived A:utoma,:t.ic Gain 

Control 
(Patent} 
Covitt, Arthur L. 
Department of the Air Force., Washington, DC. 
Corp. Source Codes: 000260000 
Report No.: PAT-APPL-768 812; l?ATENT-4 168 470 
Filed 15 Feb 77 patented 18 S.ep 79 Sp 
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possibly, for foreign licensing. Copy of patent ava.i1able Commiasi:ioner of 
Patents, Washington, DC 20231 $0 .• 50. 

NTIS Prices: Not available NTIS 
Country of Publicat.ioii: United States 
The present invention utilize.s a rec.elver demodulator to provide an 

accurate analog to digital conversion .of .a phase modulated carrier: withcrut 
a signal derived automatic gain control (AGC). The two-bit A/D conversion 
apparatus utilizes a pair of rectifier units to resolve the; carrier 
baseband residue into a pair of quadrature channel voltages. 'rhe quadratu,re 
channel voltages are continuously applied as control signals to: the A/D 
converters to se.lect the instantaneously appropriate binary output signal 
from each channel. For any signal-to-noise ratio input exceeding an 
acceptable minimum, the output ;i.s independent of input signa.cl amplitude and 
therefore the A/D converter performs a function equivalent to an ideal 
instantaneous automatic gain control ( IAGC) . The digitized outputs are 
sequentially sampled in a decommuator unit and applied respe.ctively to a 
pair of dig.it.al matched filters for digital signal processing app,:-opriate 
to the particular type of phase modulation used in the present emboaiment. 

SJ./7/J.'1, (Itew 1 from file: 8) 
DIALOG (R) F i1 e 8 : Ei Compendex (R} 
(c) 1996 Engineering Info. Inc. All rts. reserv. 

04242359 E. L No: EIP950•92844447 
Title: Base band processing .IC for analogue cordless telephones 
Author: Qkartobu, Ta.iwa; Hareyama, Nobuo; Yokoyama, Hiroshi; Yamazaki, 

Daisuke; Kamiku,bo, · Yaeunobu; Dapat, George I I 
Corporci.te Source: Sony Corp, Tokyo, Jpn 
Conference Title: Proceedings of the 1995 IEEE International Conference 

on Consumer Electronics 
Conf ere nee Location: Rosemont, IL, USA Conference D.ate : 

19950607-19950609 
E.I. conference No.: 43508 
Source: Digest of Technical Papers - IEEE International Conference on 

Consumer Electronics 1995. IEEE, Piscataway, NJ', USA,.95CH3571-9. p ;338-339 
Publication Year: 1995 
CODEN: DTPEEL ISSN: 0747-668X 
Language: .English 
Document Type: CA; {Conference Article) Treatwent: A; (Applicat.~qns); G 
(General Review) 
Journal Announcement: 9510W5 
Abstract.: We have designed an audio and data processing circu:±t for 

cordle$s te.lephone that contain.a a Scrambler, a Modem , and 
amplifiers for mi<.::rophone and receiver , and that can be fabricated 

into a·single chip re. {Author abstract) 

51/7/14 (Item 2 from file: 8) 
DIALOG{R)File 8:Ei Compendex(R) 
{c) 1996 E.ngineering Info. Inc. All rts. reserv. 

04242229 E.I. No: .EIP.95092844317 
Title: 64/256 QAM chi-set for digital CATV application 
Author: Ishizawa, Yoshiro; Yanai, Yoshimasa; Nakayama, Isac 
Corporate Source: ULSI Systems Development Lab, Ka.wasaki, Jpn 
Conference Title: Proceedings of the 1995 IEEE International Conference 

on Consumer Electronics 
Conference Location: Rosemont, IL, USA Conference Date: 

19950607-19.950609 
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E.I. Conference No.: 43508 
Source: Digest of i:gechnical Papers - IEEE International Conference on 

Consumer Electronics 19~5. IEEE, Piscatawayi NJ, USA,95CH3571-9 .. p 36-37 
Publication Year: 1995 
CODEN: DTPEEL ISSN: 0747-668X 
Language: English 
Oocument Type: CA; (Confer.en.ce Article) Treatment: T; (Theoreti;ca1J 
Journal Announcement: 951dW5 
Abstract: A small and cost effective 1.6/32/64/256 QAM receiver 

chip-set is developed f.or next generation digital CATV systems. The QAM 
receiver was partitioned into a two-chip set, analog and 
digital chip for the board size reduction. Most of all analog parts 

except tuner is incorporated in one chip .• The digital adaptive equail.izer 
~ith about 470k-transistprs has been faplemented on a 35mm 2 die using a 

0.5 mum CMOS technology and with the optimized filter circuit. (Author 
abstract) 2 Refs. 

51/7/15 (Item 3 from file: 8} 
DIALOG(R}File 8:Ei Compendex{R) 
(c) 1996 Engineering Info. Inc. All rts. reserv. 

041.9913 7 E. I. No: EIJ.?95072764?52 
Title: Asymptotic clipping noise distribution and its impact on M-ary 

QAM transmission over optical fiber 
Author: Shi, Qun 
Corporate Source: Panasonic Technologies, Inc, Princeton, NJ, USA.1 
source: IEEE Transactions on communications v 43 n 6 Jun\ 1995. p 

:rnn ... 2oa4 
Publication Year: 1995 
CODEN: IECMBT ISSN: 0090-6778 
Language: English 
bocume.nt Type: JA.; (Journal Article) Treatment: T; (Theoretical') 
Journal Announcement: 9509Wl 
Abstract: Performance analysis for a hybrid subcarrier-multiplexed (SCM) 

1'.J!f/. Q.AM transmission over. an optical fiber is presented. It is shown 
that the bit-ert'or-rate '(BER) of M-ary QAM in such. hybrid systeµ,.s can 
be significantly affected due to occasional laser 'clipping' of the: SCM 
signal. Here we analytically·aetermine the asymptotic distribution bf the 
clipping noise by modeling it as a Poisson impulse train. The BER of M-a:ry 

QAM is then evaluated in terms of optical modulation indices of 
M-ary QAM an.d AM s1gnals which in turn specify .$ignal-to-noise lratio 
{SNR), impulsive index (clipping index:} of the clipping noise, and power 
ratio of the Gaussian noise to.the clipping no;i.se. Numerical examples are 
given and compared with experimental data with reasonably good agreement 
for small SNR' s. The results have appl;i..cation for estimating, the BER' s of 

digital signals for SCM analog / digital transmission over an 
optical fiber and for employing appropriate error correction codes and/or 
optimum receiver design for such environments. (Author abstract) 23 
Refs. · 

51/7/16 (Item 4 from file: 8) 
DIALOG (R) File 8: Ei Compendex (R) 
(c) 1996 Engineering Info. Inc. All rts. reserv. 

04110049 E.I. No: EIP95032621784 
Title: Wideband RF downconverters for digital telemetry receivers 
Author: Bancroft, Douglas 
Co:r;porate Source: Naval Command, Control, and Ocean Surveillance Cent, 
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Wartninater, PA, USA 
Conference Title: :Proceedings of the 1994 Tactical communications 

Conference ·" 
Conference Location: Fort Wayne, IN, USA Conference: Date: 

19940510-19940512 
Sponsor: ARPA; IEEE; AFCEA 
E.I. Conference No.: 42621 
source: Tactical Communications Confe.rence - Proceedings v 1 199'.4. IEEE, 

Piscataway, NJ, USA,94TH0678-3. 265p 
Publication Year: 1994 
COOEN: 001965 
Language: English 
Document Type: CA; (Conference Article) Treatment: G; (General Review); 

T; (Theoretical} 
Journal Announcement: 9505W2 
Abstract: The development of extremely high sampling rate, high dynamic 

range A/D converters has resulted in the feasibility of a mostly digital 
telemetry receiver • The Naval Command and Control and Ocean 
surveillance. Center, under Office of Navy Research funding, is. cleve:J.oping 
an Advanced .ASW Receiver which implements.RF channel. filtering , 
null steering, direction finding and information demodulation in. a high 
speed Digital Signal Processor .. This paper describes the a.rt~lysis 
conducted for the analog RF circuitry required to downconvert the 
multi--channel VHF sonobuoy band to baseband compatibJ.e with current) 
technology A/D counts. Performance parameters critical to the systetn design 
include good spurious free performance, sharp band. edge filtering; , and 
an AGC scheme which permits phase and. amplitude match between antenna 
input channels. The pape~ discusses the analysis tradeoffs performed to 
arrive at the downconverter design, and includes a discussion of the 
components selected for the receiver hardware implementation as well as 
the component mounting and shielding techniques. (Author abstract) 

51/7/17 (Item 5 from file: 8) 
DIALOG (R) File 8 : .. Ei Cornpendex {R) 
(c) 1.996 Engineering Info. Inc. All rts. reserv. 

04082942 E.I. NO! EIP95022584953 
Title: Timing and carrier recovery techniques in DSP ba.sed digital 

receivers 
Author: Sheth, Shruti; Ha:i::-ris, Fred 
corporate Source: San !liege:;:, State Univ, San Diego,. CA, USA 
Conference Title: Proceedings of the 1994 IEEE MILCOM. Part 2 (of 3) 
Conference Location: Long Branch, NJ, USA Conference, ~ate: 

19941002-19941005 
Sponsor: IEEE 
E. I. Conference No. : 42512 ,, 
Source: IEEE MILCOM v 2 1994. IEEE, Piscataway, NJ, USA,94CH3'400-9. p 

639-643 
Publication Year: 1994 
CODEN: 001918 
Language: English 
Document Type: CA; (Conference Article) Treatment: A; (Applications}; T 
(Theoretical) 
Jbtirnal Announcement: 9504W4 
Abstract: .In conventional receivers , carrier recovery and tim:ing 

recovery a.re performed in the analog domain by controlling the ' 
frequency and phase of voltage controlled oscillators ,(VCO) in their 
respectivephase locked loop (.I?LL). When the control signal for thes~ loops 
are generated in the sampled data domain by DSP techniques the digi:ta1 



IPR2020-00033 Page 00107

samples must be .brought to the analog domain by a pair of dig[tal 
-to- analog converters {DAC). It is more cost effective tQ perform the 
entire signal processing function of the PLL in the digitalidomain 
and avoid the cost of tlie PAC and analog smo.othing filter in the 
processing loops. In the full DSP implementation the receiver p~rforms 
an initial complex down conversion with an asynchronous local asciliator 
set to the. nominal final conversion frequency and then absorbs the .residual 
carrier and phase uncertcilinty by data dependent control of a digitaa. 
complex rotator. tn a similar fashion sample timing is performed bi the 
sampling the input signal with an asynchronous sampling o.lock operating at 
nominally twice the sympol rate and then absorbs residual f re.quency' and 
pha..se of the sampling clock by resampling the data with a po1yphase 

filter bank. (Author abstract) 4 Refs. 

S'JJ7 /18 ( Item 6 from file: 8) 
DIALOG (R) File 8: Bi Compendex (R) 
(c) 1996 Engineering Info. Inc. All rt.s. reserv. 

03615516 E. I. No: EIP9;3,02070.6938 
Title: Method of designing adaptive group digital mult~channel 

'two-of-six' code receivers for PCM signals 
Author: Braynina, I.S. 
source: Telecommur:dcations and Radio Engineering (English translktion of 

Elektrosvyaz and Radiotekhnika) v 47 n 2 Feb 1992. p 8-14 
Publication Year: 1992 
CODEN: TCREAG ISSN: 0040-2508 
Language: English 
Document Type: JA; (Journal Article) Treatment: T; (Theoretical).; A; 

(Applications) 
Journal Announcement: 9306W2 
Abstract: In automatic telephone communications dialing signals are 

transmitted in a 'two-of-six' multifrequency code. The number information 
is generated in the t.one frequency Spectrum in combination$ of two 
frequencies from the series 700, 900, 1100, 1300, 1500 and 1700 Hz 

Analog number dialing signals are converted into group digital .streams 
in multichannel pulse-code modulation {PCM) systems. The initial 
information must be extracted directly from the digital streams by a group 
digital receiver without preliminary conversion of the digital 
signals into analog .. signals. To improve reception noise immunit¥ 
without increasing filter complexity, contro1 of the :receiving 
threshold in proportion to the total input signal has been used in the 
design of systems .. Threshold reduction, howeve.r, can .reduce nonlinear 
interference and noise protection. Based on permissible level 'skew:s, ( 

amplitude range, frequency deviations from nominal values, and , 
reception/nonreception thresholds), this paper develops a simplifiea 
version of a digital 'two-of-six' code receiver that satisfies less 
stringent conditions for transmission over long-distance cha:tnne1s, trunks 
and .:recording trunks compared with physical lines. 5 Re.fs. · 

51/7/19 (Item ? from file: 8) 
DIALOG(R)File 8:Ei Compendex{R) 
(.c) 1996 Engineering Info. Inc. All rts. reserv. 

01036909 E.I. Monthly No: EI8l08069407 
Title: .ANALOG ENCODED SIGN.AL 

MODULATED LINEAR CHI;RPS. 

E.I. Yearly No: EI81086781 
TRANSMISSION USING Pl:)S.ITION-

Author: Kcwatsch, M.; Lafferl, J.; Seifert, 
Co~porate Source: Tech Univ.r Vienna, Aust 

F. J. 
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Source: Ultrasonics Symposium Proceedings v 1, Boston, l\'Iass,: Nov 5-7 
1980. Publ by IEEE (Cat n 80CH160..2-2), Piscataway, NJ, 1980 p l8-2l 

Publication Year: 1980 
CODE:N: OLSPDT ISSN: 0090-5607 
Language: ENGLISH .. 
Journal Announcement : •8108 
Abstract: An analog encoded transmission system is presented,, which 

operates with linear FM (chirp} pulses that. are position ... modulatea 
according to the sampledbaseband data. Chlrp duration and s.ampling· rate 
are properly chosen to yield permanent overlapping of several FM pu\lses. To 
recover the baseband signal in the receiver , separat;Lon of consecutive 
chirps by pulse compresslon iri a matched filter i.s required. 
Syncl:lronization is attained by phase-locking the receiver refer~nce 
quartz osc.illator to the pu,l:;e position modulation (PPM} mean . 
frequency. A conversion of Pl?M into pulse amplitude modulation 
fPAMl in the receiver demodulation process permits a maximum 
information bandwidth to be transmitted at a ghren sampling rate. 7 refs. 

51/7/20 (Item 8 from. file: 8) 
DIALOG(R}Fi1e 8:Ei Compendex(R) 
(c} 1996 Engineering Info. Inc. All rts. reserv. 

01.022399 E. I. Monthly No: EI81050443.l9 E .. X. Yearly No: BI8108671!.5 
Title: ANALOG ENCODED CHIRP TRANSMISSION SYSTEM USING SUR.FACE 

ACOUSTIC WAVE FILTERS 
Author: Kowatsch, Max:; Lafferl, Johann; Seifert, Franz J.; ~tocker, 

Helmut R. 
Corporate Source: Tech univ, Vienna, Au:;tria 
Source: IEEE Transactions on Sonics and Ultransonics v SU-27 n 6 Nov 1980 

p 355-359 
Publication Year: 1980 
CODEN: IESUAU ISSN: 0013-4902 
Language: ENGLISH 
Journal Announcement: 8105 
Abstract: Linear frequency modulation is implemented in encodjing 

· anal.cg . signals. Using surface acoustic wave (SAW} dispersive deO.ay 
lines, the transmission system described operates with overlapping chirps 
that are positi.on- modulated according to the sampled data. 

Demodulation in the receiver requires pulse compression in a 
matched f.ilter . The principle of analog encoding and decodip.g is 
explained. Experimental results are provided on the performance of a 

modem designed for handling baseband signals with a spectral range from 
300.Hz to 400 kHz. SAW linear FM filters , operating at a center 
frequency of 60 MHz with a time-bandwidth product of 180, are employed. The 
system shows good amplitude and phase characteristics and a dynamic 
range greater than 40 dB. 9 refs. 

51/7/21 (Item 1 from file: 94) 
DIALOG (:R) File 94: JICST-EPlus 
(c) 1996 Japan Info Center of Sci & Tech. All rts. reserv. 

01036375 JICST ACCESSION NUMBER: 90A0346595 FILE SEGMENT: JICST-E 
Characteristics of land mobile earth stations for the EMSS project. 
HAMAMOTO NAOKAZO (1); SUZUKI RYUTARO (l); IKEGAMI TETSUSHI (1); TAIRA 

SHIN'ICHI (l}; ICHIY"bSHI OSAMU (2); SATO NOBUYASU (3); TADA SHU;N'ICHI 
(4) 

(l) Tsushinsoken; (2) NEC Corp.; (3) Toshiba Corp., Komukai Works; :(4) 
Kenwood Corp. 
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I 

Tsushin Sego Kenkyu.jo Kiho{Review of the Communications Research Laboratory 
), 1990, VOL.36,NO.special Issue· 10, PAGE.75-82, FIG.9, TBL.4, ~EF.5 

JOURNAL NUMBER; F0415ABQ ISSN NO: 0914-9279 
UN.IVERSAL DECIMAL CLASSJ;FICATION: 621. 396. 73 6.21. 396. 946 
LANGQAGE; Japanese COUNTRY OF PUBLICATION: Japan 
DOCUMENT TYPE: Journal 
ARTICLE TYPE: Original paper 
MEDlA TYPE: Printed Publication 
ABSTRACT: A £easibility study on land mobile satellite communicatioh was 

carried out using three kinds of mobile earth stations .. These ea.rth 
stations were developed .after considering the pot.ential effect of such 
Signal propagation charc;1cteristics as multi ... pass fading and the 
blockage effect on future practical applications. The first earth 
stati.dn employs the ACSSB { Amplitude Companded SSB} techniqu¢, which 
can transmit voice signal with narrow bandwidth. The second; earth 
station uses a digital signc1.l processing technique applied to 
both QPSK modulation / demodulation and voice 
coding/decoding. The third ea.rth station e.mploys the spread 
spectrum(SS) system using a matched filter technique for 
de-spreading a :receiving signal .. This paper introduces the 
configurations of these earth stations and also reports on their 
performance. Additionally, an example of signal propagation ' 
characteristics in an urban area is presented. These are experimental 
results using the ETS-V satellite. (author abst..) 

51/7 /'22 ( Item 1 from file: 99) 
DIALOG(R)File 99:Wilson Appl. Sci&; Tech Abs 
(c) 1996 The. HW Wi.lson Co. All rts. reserv. 

1203552 H.W. WILSON RECORD NUMBER: BAST94072215 
Watkins-Johnson HF-1000 general-coverage receiver 
Newkirk, David; 
QST v. 78 (Dec. '94} p. 76-9 
DOCUMENT TYPE: Product Evaluation ISSN: 0033-4812 

ABSTRACT: The Watkins~Johnson HF-1000 general-coverage receiver 
reviewed. It ~eatures a digital signal processor instead of 

analog circuitry to handle intermediate-frequency Cl:F) filtering 
automatic gain control, and demodulation The receiver covers 5 
kHz to' 30 MHz and can handle amplitude modulation (AM), synchronous 
AMt narrowband FM, continuous wave., upper sideband, lower sidel:;>and, , and 
independent sideband. The receiver has. a high-dynamic-range front end., 
a switchable radio ... frequency (RF) preamplifier, a swi.tchable RF att~nuator, 
58 IF bandwidth choices, a signal meter, a noise .blanker, an lF notph 

filter , manual and automatic gain control, and squelch and scanning 
features. The HF-1000 i.s better suite.d to high-quality broadcast reception 
than demanding all-mode communication. The .suggested retail!, price is 
$3,995. ' 

51/7/23 (Item 1 from file: 108} 
DIALOG(R)File 108:Aerospace Database 
(c} 1996 AIM. All rts. reserv. 

0209B709 N93-12207 
All-digital multicarrier demodulators 

satellites in mobile communication systems 
Ph.D. Thesis 
YIM, WAN HUNG 

for on-board processing 
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Surrey Univ .. , London (Engl a.nd) . 
CORPORATE CODE: S5540976 
1991 23lJP. 
LANGUAGE: English 
COUNTRY OF ORIGIN: United Kingdom COUNTRY OF PUBLICATION: United 

Kingdom 
DOCUMENT TYPE: THE.SIS 
DOCUMENTS AVAILABLE FROM AIAA Technical Library 
OTHER AVAILABILITY: Univ. Microfilms Order No. BRDX.94966 
JOURNAL ANNOUNCEMENT: STAR.9302 
Ec.onomical op.eratiort of future satellite systems for mobile 

communications can only Joe fulfilled by using dedicated on-board procel3s . .ing 
satellites, which would allow both c:::O.eap earth terminals apd lower 
space segment costs. With on-board modems and codecs, the up-;Link and 
down-link can be optimized separately. An attractive scheme is to use 
frequem;,y-division multiple access/single chanel per carrier (FDMA/SCPC) on 
the up-link and time di.vision multiple~ing (TDM) on the down--l~nk. This 
scheme allows mobile • terminals to .transmit a narrow band., lpw power 
signal I resulting in smaller dishes and high power amplifier.s .. (l-IPA' s} 
with lower output power. On the up-link, there are hundreds to thousands of 
FDM Channels to be demodulated on-board ... The most promising approach is. 
the use of all-digital multicarrier demodulators (MCD's), where 

analog and digital hardware are efficiently shared among channels, 
and digital signal processing . (DSP) is used at an early. stage to 
take advantage of very large scale integra.tion {VLSI) implementation. A MCD 
consists of a channellizer for separation of frequency division 
multiplexing (FDMl channels, followed by individual modulators .for each 
channel. Major research areas in MCD'S are in multirate DSP, and the 
optimal estimation for synchronization, which form the basis of the thesis. 

Complex signal theories are central to the development of stTuctured 
approaches for. the sampling and processinsr of bandpass signals , 
which are the foundations in. both channellizer and demodulator design. 
In multirate DSP, polyphase theories replace many ad-hoc, tedious and 
error-prone design procedures. For example, a polyphase-matrix deep space 
network frequency and timing system (DFT) channellizer includes all 
efficient filter bank techniques as special cases. Also, a 
polyphase.-lattice filter is derived, not only for sampling rate 
conversion, .but also capable of sampling phase variation, which is required 
for symbol timing adjustment in all-digital demodulators In 

modulation schemes, a systematic survey is reported., based on two 
expressions that inclucies all formats in linear and constant envelope 

modulation .. In synchronization techniques, classifications according to 
the criterion of statistical optimization, the data depe.n<::l.E:!!cy ,'o and the 
method of parameter extraction, reflect the inherent complex:ity and 
pe.rfo:rmance of numerous existing <=1.lgorithms. The designs of tw9 new 
algorithms a.re presented: a differential decision frequency error detector 
that is simple and fast; a dual-cotnb- .filter frequency/timing error 
detector that is targeted, at VLS,I implementation. .f The real-time 
implementation of a complete 4 x 16 kb/s MCD for the T.-SAT project is 
described in detail, which proved many of the structured design concepts 
developed in this thesis. The requirements of software tools for va.rious 
levels of simulation in multirate DSP and cornmunications are analyzed. This 
led to the implementation of a data-.flow oriented simulation system, which 
was used in all research work in the thesis (Dissert. Abstr.} 

51/7 /24. (Item. 2 from file: 108) 
DI.A.LOG(R)File 108:Aerospace Database 
(c} 1996 AI.AA, All rts. reserv. 
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01472458 A.84-26742 
Algorithm implementation in a tactical communication brassboard processor 
MYER$, M. H.; KORGEL, C. C. (TRW, Inc., Military Electronics Div., San 

Diego, CA) · 
IN: Digital Avionics Systems Conference, 5th, seattl.e, WA,·· October 

31-November ~' 1983, Proceedings (A84-26701 11-06). New York, Institute of 
Electrical and Electronics Engineers, 198.3, p. 10.4.1-.10.4.5. 

1983 
CONTRACT NO.: N00019-82-C-0330 
LANGUAGE: English , 
COUNTRY OF ORIGIN: United States COUNTRY OF PUBLICATION: United States 
DOCUMENT TYPE: CONFERENCE PAPER 
DOCUMENTS J:\VAILABLE FROMA:tM Technical Library 
JOURNAL ANNOUNCEMENT: IAA8411 
This paper reports on the implementation of waveform processing 

algorithms in a high speed digital signal processor , utilizing 
newly developed VLSI component technology and ~ontaining architecture 
elements intended f o.r the integration of avionics CNI terminals 
operating in the 2 MHz-2 GHz frequency b~nd. The algorithms are executed 

by the combination of a set of reconfigurable wavefo:r:-m preprocessors 
contro.lled by a very high speed programmable signal processor . The 
algorithms process the waveforms and perform the basic terminal 
functions of JTIDS Class II DTDMA, GPS Navigation Satellite, HF-ECCM 
(HFIP}, and clear voice AM or FM demodulation . Prioritized sharing 
of modular elements requiring scheduling of their resources is controlled 
by the signal processor . An important goal of this program is to 
verify that the combination of architecture and component technology 
selected would be a s11itable candidate to replace many single funCtion CNI 
avionics terminals carried in military aircraft. (Author} 

SOURCE OF ABSTRACT/SUBFILE: ALAA 

51/7/25 (Item 3 from file: 108) 
DIALOG(R)File 1.08:Aerospace Database 
(c} 1996 AIM. All rts. reserv. 

00785120 A76-27639 
Hybrid modem for 120 channels FDM telephony signal transmission 
FURUYA, T. ; SUGIXAMA, M. ; MATSUO, Y. ; KATAGIRI, Y. ; TANAKA., H, (Nippon 

'Electric co., Ltd., Tokyo, Japan) 
In: International Conference on Digital Satellite Communications, 3rd, 

Kyoto., Japan, November 11-13, 1975, Proceedings. (A76-27626 12-32) Tokyo, 
Kokusai Denshin Denwa Co., Ltd., 1975, p. 91-98. Research sponsored by the 
International Telecommunications Satellite Organization. 

1975 
LANGUAGE: English 
COUNTRY OF ORIGIN: Japan COUNTRY OF PUBLICATION: Japan f 

DOCUMENT TYPE: CONFERENCE PAPER 
JOURNAL ANNOUNCEMENT: lM7612 
The design of a hybrid modern using 2 pulse a,mplitude -phase 
modulation and the modem performance data are described. The hybrid 
modem can transmit 120 FDM telephony channels over a 2.5 MHz RF 

bandwidth. Coherence recovery and automatic level control are described in 
addition to the monitor circuit and signal processing and detection 
behavior. Data on signa;L degradation are tabulated. Weighted SNR 53 dB and 
so dB were obtained at CNR 16. 9 dB and 1'.3. 9 dB respectively. The eye 
pattern seen at the output of the receive shaping filters and the 
recovered map seen at the output of the receive 8-bit A/D.converters 
are reproduced. (R. D. V. ) 

SOtn"{CE OF ABSTRACT/SUBFILE: AIM 
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51/7/26 {Item 1 from file: 434} 
DIALOG(R)File 434:SciSearch(R) Cited Ref Sci 
(c) 1996 Inst for Sci Info. All rts. reserv. 

14112745 Genuine Article#: RQSSO Number of References: 18 
Title: ADAPTIVE CROSSTALK CANCELLATION AND LASER FRI3QUENCY DRIFT 

COMPENSATION IN DENSE WDM NETWORKS 
Author(s}: MINARDI MJ; INGRAM MA 
Corporate source: USAF, WRIGHT LAB, .RADAR BRANCH, AA.RM/WRIGHT PATTERSON 

AFB//OH:/45433; GE;ORQIA INST TECHNOL,SCH ELECT&: COMP . 
ENGN/ATLANTA//GA/30332 

Journal: JOURNAL OF LIGHTWAVE TECHNOLOGY, 1995, V13, N8 (AUG), !?1624-1635 
ISSN: 0 73 3 - 8 72 4 
Language: ENGLISH Document Type: ARTICLE 
Ab$tract: Two variations of the LMS algorithm are proposed to cance.l 

received linear crosstalk in dense WDM networks •. Analysis ap.d 
s.imulations show that w:ith the addi ti.on of a few :photodete;Ctors;, 
channel spacing requirements can be reduced by over 50 percent., 
Simulations using .a demultiplexer with Gaussian bandpass . 
characteristics show that a 2.5 dB signal-to-crosstalk-plus-noi~e ratio 
can be increased to over 35 dB. 'l'he decision-directed algorithm will 
work with OOK data or any intensity modulation scheme whichJ uses 
the absence of light as one symbol.. The decision directed algorithm 
makes. assumptions on the desired laser frequency so it can accommodate 
only limited laser drift. A second cancellation algorithm uses pilot 
tones added to each laser signa.1 in o.rder to cancel the crossta;lk. It 
wi11 work with analog or digital intensity- modulated . data 
and will automatically configure itself to account for laser drft,ft. 
Both algorithms are blind in that they do not require training 
s.eguencea for initiaHzation, Analysis shows that weights de.rived from 
piJ.ot tones are. nearly optimum f.or canceling crosstalk for. the data, 
Simulations of both algorithms are presented. Finally, both algorithms 
are shown to be capable of canceling nonlinear beating terms, 

? 
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File 

File 

File 

File 

?ds 

23 7: Buyer's Guide tv .\fic:ro Software {SOFT) 1993 /h . .;..fi 
(c) 1993 ONLINE lnc. 

25S:SoftBase:Reviews,Companies&Prods. 95-1996/Jul 
(c)1996 Info.Sources Inc 

278:Microcomput.Softwa:te Guide 1996/Aug 
(c) 1996 Reed Refer.e.nce Publishing 

751:Da.tap:ro Software Directory 1996/Jul 
Cc} 1996 McGraw-Rill, Inc. 

Set Items Descript;i.on 
Sl 4534 VOICE OR AUDIO OR ANALOG? 
S2 88 S1(2N) SIGNAL? 
S3 8307 COMPRESS? OR REDUC? OR REDN? 
S4 13 SUBCHANNEL? OR 0 SUBCIRCUIT? OR SUBFACILIT? OR SUBLINE? ORS-

UBPATH? OR SUBLINK? OR SUB() (CIRCUIT? OR FACILIT? OR L:INE? OR 
PATH? OR LINK?) 

SS 22921 TIME 
S6 0 SINGLE (lW) (SIDEBAND? OR SIDE{) BAND? ?) 
$7 O S2(4N)S3 AND S4 AND S5 
SB 0 S7 AND S6 
S9 0 (BANDWID? OR BANDOWIDTH) (4N) S3 AND S4 
S10 0 (BANDWID? OR B.AND(}WIDTH)(4N}S3 AND SOB()CHANNEL? 
Sll o S2 (4N) S3 AND SS Afro SOB OCHANNEl.,? 
S12 1.0 BASESTATION? OR LANDSTATION? OR (BASE OR LAND} 0 STAU'ION? 
813 0 $12 .A.ND Sl(4N)S3 AND S5 
S14 0 S12 AND S1(4N)S3 AND 86 
$15 0 Sl(4N)S3 AND S4 AND SS 
S16 0 S1(4N)S3 AND SUB()CaANNEL? AND S5 
Sl 7 3 S1 (4N} S3 'AND .RECEIV? 
$18 1 S17 AND S5 
S19 0 S17 AND S6 
820 3139 DEMODULAT? OR DE()MODULAT? OR MODEM? OR S1(3N)DIGIT'? 
$21 l S17 AND S20 
S22 0 818 AND (S19 OR S21} 
S23 9344 PAGE OR RADIOPAG? OR PAGING OR BEEP? OR PAGE?? OR RADIO? -

? ( 2N) ( SUMMON? OR PRECON!?) 
S24 0 S23 AND. (S4 OR SOB O CJWJNEL?) 
825 0 S24 AND (AMPL!? OR SS) 
S26 0 Sl7 AND S6 
S27 0 S21 AND 6 
S28 0 S21 AND S6 
S29 892 S20 AND (RECEIV? OR TERMINAL?) 

S32 
S33 
S34 
S35 
S36 
? 
tl8/7/1 

4 
0 
0 
0 
0 

>>> PAUSE ended. 

S29 AND FILTER? 
S32 AND (MODULAT? OR QAM) 
S33 AND AMPLI? 
S34 AND SIGNAL? 
S34 AND SIGNAL?(2N)PROCESS? 

18/7/1 (Item l from file: 256) 
DIALOG(R)File 256:SoftBase:Reviews,companies&Prods. 
(cJ 1996 Info. Sources Inc,. All rts. reserv. 

00062244 DOCUMENT TYPE: Review 

PRODUCT NAMES: David OS--9 (49919f>J; David QS-9000 (4991%) 
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TITLE: 
AUTHOR: 
SOURCE: 

Real- Tim~. ps,, Services Drive TV Decoders 
Miller, E!fic 
Electronic Design, v42 n4 pES24 (3} Feb 21, 1994 0013 ... 4a72 

RECORD TYJ?E: Review 
REVIEW TYPE: Product Analysis 
GRADE: Product Anal.yeis, No Rating 

I 

Set-top box design for next generation, interactive digital TV services 
requires transformation from analog technology to real- time computing 
with duplexed communications and high-bandwidth data transfer. Reali-

time OSs and services must manag.e and 13ynchronize compressed . video 
and audio ... The computer must execute an application program containing 
various simultaneou.s tasks, such as providing a user interface and program 
selection methods. Dedicated set-top boxes will receive incoming 
signals and decode compressed bit streams,. including MPEG streams. David .is 
a decoder box and software package that includes OS-9 and OS-9000 O~s and 
system service modules for digital video applications. Softwa.re is based on 
a real- time kernel that communicates with real- time a.udio/viideo and 
an I/0 manager, which runs system service modules. · 

REVISlON DATE: 940823 
?t21/7/1 

2l/7/1 (Item 1 from file: 256) 
DIALOG(R)File 256:SoftBase:Reviews,Companies&Prods. 
(c) 1996 Info .Sources Inc. All rt.s. reserv. 

00078323 OOCUMENT TYPE: Review 

PRODUCT NAMES: verilog Compiled Simulator (VCS} (490105); Verilog;-XL 
(476871); Motion Picture Experts Group (MPEG) (832146) ' 

T.ITLE: 
AUTHOR: 
SOURCE: 

General Instrument Designs A Set Top Box Chipset . 
Balthazor, Brian Lodman, Mike Pollmann, Steve Price, Rick.'.. 
Integrated Sysl::em Design, p32 (?) Mar 1995 1.06?-9804 

RECORD TYPE: Review 
REVIEW TYPE: Product Analysis 
GRADE: Product Analysis, No Rating 

General Instrument designed a five chip set DigiChip II Decoder 
implementation for sate.Hite and broadcast terrestrial applications. In the 
system, an encoder digitizes and Cbtf!Presses video and audio ., and 
combines it with access control information. It is then error correction 
encoded, and sent to the, satellite. The satellite stream is subsequ.ent.ly 

received by a satellite dish, broadcast station, or cable headend. The 
receiver demodulates , and does error correction and decompr~ssion. 

Five ASICs i~ the application. include the forward error correction 
processor. The access control proce.ss.or accepts the MPEG~2 stream, and 
authenticates requested services. This processor then routes the streams to 
the graphics transport processor anci video decompression processor.: The 
graphics processor interprets audio MPEG-2 transport. layers, $d routes 
audio data to the audio decompression processor. General Instrument used C, 
Ve.rilogr and VCS to design the system. 

REVISION DATE: 951030 
? 
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Pile 35 :Dissertation Abstracts Online 1861-1996/Sep 
{c} 1996 UMI !-

File 202:Information. Science Abs. 1966-1996/Jul 
{c} 1996 IFI/t?lenum Data, Corp. 

File 233:Microcomputer Abstracts(TM) 81-1996/Aug 

?ds 
(c) 1996 Information Today.,Inc 

Set Items Description 
S1 45314 VOICB OR AUDIO OR ANALOG? . 
S2 953 S1(2N)SIGNAL? 
S3 118129 COMPRESS? OR R.EbtJC? OR REON? 
S4 465 SpSCl-!.ANNEL? OR SUBC!RCUIT? OR SUBFACILIT? OR SUBLINE? OR s-

UBPAll'l-I? OR SUBLINK? OR SUB O (CIRCUIT? OR FACILIT? OR Lim:? OR 
PATH? OR LINK?) 

S5 195316 TIME ~ 
S6 49 SINGLE(1W) (SIDEBAND? OR SIDEOBAND? ?) 
S7 0 S2(4N)S3 ANO S4 AND S5 
S8 0 S7 AND S6 
S9 0 (BANDWID? OR BAND ( ) WIDTH) ( 4N} 83 AND S4 
$10 0 (BANDWID? OR BAND () WIDTH) (4N) S3 ANl) SUB () CHANNEL? 
S11 0 S2{4N}S3 ANO SS AND SUB()CI-IANNEL? 
S12 174 BASBS'I'ATION? OR LANPS'I'ATION? OR (BASE OR LAND) () STATION? 
S13 0 $12 A.NP Sl(4N)S3 AND S5 
S14 0 S12 AND S1(4N)S3 AND S6 
S15 0 S1{4N)S3 AND $4 AND S5 
S16 0 S1(4N)S3 AND SUB(}CHANNEL? AND S5 
Sl 7 3 3 Sl ( 4N) S3 AND RECEIV? 
S18 8 S17 AND S.S 
S19 1 Sl7 AND $6 
S20 11826 DEMODULAT? OR DE() MOPULAT? OR MODEM? OR Sl (3N) DIGI'l'J 
S21 16 S17 AND S20 
S22 4 Sl8 AND (S19 OR S21) 
? 
t22/7/all 
>>> PAUSE ended. 

22/7/1 (Item 1 from file: 202) 
DIALOG(R)File 202:Information Science Abs. 
(C) 1996 !FI/Plenum Data Corp. All rts .. reserv. 

00178046 9308046 
ISA Document Number in Printed Publication: 9308174 

Signal computing. 
Document Type: Journal Article 
Author (Affiliation}: Anderson, E.C.; Shepard, s.; Sohn, P. •• 
Journal: Byte · 
Publication Language(s): English 
Source: Vol. 17 Issue 12 p. 155.-164 Nov 1992 

Digital signal processing (DSP) enables computers to trapsfbrm 
real-world signals in either audio, video, or electromagnetic form into 
a practicable form. This paper defines the types of signals 

received and processed by the DSP (composite, digital , 
analog , discrete- time and -amplitude.) artd describes the· 

processes involved: A./D conversion, Fourier transformation, Nyquist 
tlleorern, signal reconstruction, digital filtering, data compres;sion, 
sample-rate converters, and adaptive filtering. 

2.2/7/2 (Item 1 from file: 233) 
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DI.ALOG(R)File 233:Microcomputer Abstracts(TM) 
(c) 1996 Information Today,Inc. All rts. reserv. 

0406408 95OVl2-006 
Audio and video Online 
Online & CD-ROM Review , December 1,. 1995 , v19 n6 p'.347-:34.9, 3 Page(s) 

ISSN: 0309-314X 
Focus.es on recent products and developme.nts for accessing digit~l audio 

and video, noting that information providers can incorporate s.ound and 
vision into online offerings without users needing high-speed. connections 
such as ISDN. Covers the RealAudio Player, demonstrated by .Microsoft, which 
allows PCs with a 14.4Kbps modem to play a compressed audio file as it is 
downloaded from an Internet server, and it is available free. over the 
Internet.. Explains that Streamworks ($29} from Xing Technology o.f Arroyo 
Grande, CA, compresses one second of speech into ll< •Of data, and it allows 
computer users to hear what is .being broadcast at the same time to 
conventional radio receivers. Notes that the NBC Multimedia Player is 
software that allows audio and video to .be played in· .real time over the WWW 
using a 14. 4Kbps moc:Iem, and the Internet Ph.one from Vocaltec of fer.s 
real-time telephone connection over the lnte:rnet. Includes one sidebar, 
three screen displays, one photo, and a list of vendors. (jo) 

22/7/3 (Item 2 from file: 233) 
PlALOG (R) File 233 :.Microcomputer Abstracts (TM} 
(c) 1996 Information Today, Inc. All rts. reserv. 

0390893 95IE07-001 
Net as phone: kiss long-distance charges good-bye 
Savetz, Kevin 
Internet World , JUly 1, 1995 , v6 n7 p67-69, 3 P.age(s) ISSN: 

1064-3923 
Discusses using the Internet to hold long distance phone co:nve:r.satio:ns. 

says using new technologies such as audioconfe:rencing allows users to avoid 
expensive calling charges when they want to talk.to somebody on tb,e other 
side of the world. Because speech takes tnore bandwi.dt.h than a normal analog 
modern can provide, the speech is compressed for transmission and then 
unc.ompressed when the , other computer receives it. The software' is also 
plagued by gaps in transmission time and many programs .allow only one 
person . at a t.ime to speak, similar to a CB radio.• The compress;ion also 
makes the a.udio lose some quality, although the quality loss can be; reduced 
by listening through he.adphones. Includes a sidebar.. (eqb) 

22/7/4 (Item 3 from file: 233) 
DIALOG(R)File 2::33:Microcomputer Abstracts(TM) 
(c) 1996 Information Today,Inc. All rts. reserv. 

0375619 9SPKO2-1O2 
Telecom, digital limits begin to blur with 'phone ca.lls' across Internet 
Patri.zio, Andy 
PC WEEK, February lJ, 1995 , v12 n6 pl, 114, 2 Page{s) ISSN: 

3?4·0-1604 
Company Name: VocalTec 
Product Name: Internet Phone 
Indicates that the release of Internet Phone ($49) from VocalTec of 

:-J"orthvaie, NJ, will provide a new audio-compression technology tha:t allows 
.i.sers to make long-distance ''phone calls' ' across the Internet. f.or the 
::est of a local ca.11. Explains that this communications package t;ra.nsports 
;roice packets in real, time, resulti.ng in users thus able to ha.'V'e voice 
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conversations over the rncernet anywhere in the woriu.. Notes that ~nternet 
Phone is less bandwidth-intensive than downloading files due to dig1ital aud 
being more of a burst,.than a constant stream. Reports that In Pbope works 
with any Winsock-compliant application over connectio ranging; from a 
14. 4Kbps SLIP line, to a dedicated T-3 line. Howev says that voice call.a 
made over the Internet do not have the qualit of those over pbon~ l;ines, 
there · may be security issues, and Internet Phone cannot recei-ve voice 
packets from outside a firewall. Includes one diagram and one screen 
display. (jo} 
? 
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Set 
Sl 

$3 

S17 

96 

Sl9 

,t19/7 /1 

Items 
45314 

1.18129 

33 

49 

1 

Description 
VOICE OR' AUDIO OR ANALOG? 

COMPRESS? OR REDUC? OR REDN? 

S1(4N)S3
1 

AND RECE:tV? 

SINGLE ( 1 W) C.S !DEB.AND? OR S IDB O BAND? ? ) 

Sl7 AND S6 

19/7/1 (Item 1 from file.: 35) 
DIALOG (R) File 35: Dissertation Abstract.s Online 
(c) 1996 UMI. All rts. reserv. 

821810 ORDER NO: AAD83-20746 
THE SATELLITE APPLICA'I'IONS OF AMPLITDDE COMPANDED SINGLE SIDE;l,AND 
MODULATION 

Author: MEHRING, JAMES WARREN 
Degree: PH.D. 
Year: 1983 
Corporate Source/Institution: STANFORD UNIVERSITY (0212) 
Source: VOLUME 44/05-B OF DISSERTA'l'!ON ABSTRACTS INTERNATIONAL. 

PAGE 1544 •- 312 PAGES 

Amplitude companded, Single Sideband or ACSB is a voice~ 
processing technique that was originally developed at Stanford Univ~rsity 
for mobile radio. Previous studies on ACSB for mobile radio have shown a 
substantial subjective voice improvement for good receive 
carrier-:to-noise ratios. These results for mobile radio indicate t.hat the 
power and noise figures available on satell;Lte links are sufficient to use 
ACSB .modulatlon. Sfogle sideband modulation is.much more spectrally 
efficient than currently used modulation techniques and increased. cllannel 
availability was projected. This, study demonstrated that ACSB can be used 
on E:latellite links and that its use makes possitil.e an ordel'.' of magnitude 
increase in telephone channel availability on existing links. 

ACSB processing consists of an initial stage of ratio-2 
companding, a. stage of pre-emphasis, pilot injection and a final st~ge of 
ratio-2 companding. The compandors log.arithmically reduce the dynam;ic range 
of the input signal. Voice . compress ion . results in the lower, 
amplitude portions of speech being transmitted with more power. This 
results in signal-to-noise ratio improvement for the low amplitude sounds 
thereby providing significant subjectivesoice quality improyement. During 
pauses between syllables, woras 1 or speech passages, the only input to the 

receive ACSB processing equipment is channel noise. The expansipn 
process of the receive compandors suppresses the noise and prov;ides 
subjective improvement by increasing the contrast between voice and: 
background noise. Single sideband also provides power improvement 
from the fact that the power in the sideband is directly proportional to 
the input voice power. This provides sharing betwe.en channels on 
multichannel ACSB systems. Analysis and experimental measurements 
conse.rvatively estimate this improvement at 7 dB. , 

Computer s.imulation was used to model the ACSB process;i.ng to 
optimize the processing sequence for satellite use and predict performance 
for voice and voiceband data signals. The sensitivity of ACSB to , 
intermodulation and frequency error was studied. The ACSB circuits ~ere 
constructed and their performance was demonstrated at audio, 27 MHzi, 57 MEz 
and through a transponder on WESTAR IV.. The testing indicated a 12 dB pilot 
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was optimum for satellite application$ and that the minimum zero margin 
receive peak syllabi, power~to-noise ratio was 19 dB. 

? 
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S4 
,: .. · ... }), 

465 SUB~EL? OR SUBCIRCUFT? OR SUBFACILIT? OR.SUBLINE? ORS-
UBPATH? OR SUBLINK? OR SUB O (CIRCUIT? OR FACILIT? OR LINE? OR 
PATH? OR L!NK?) 

ss 195316 TIME , 

823 16087 PAGE OR RADIOPAG? OR PAGING OR BEEP? OR PAGE?? OR RADIO? -
?(2N} (SUMMON? OR l?RECONI?) 

824 7 823 AND ($4 OR SUB O CHANNEL?) 
S25 2 S24 AND (AMPLI? OR $5) 
? 
?t25/6/all 

25/6/1 (Item 1 from file: 35) 
01490694 ORDER NO: AADAA-INN05794 
TR.IE METHODS FOR TEXT AND SPATIAL DATA ON SECONDARY STORAGE 

25/6/2 (Item 2 from, file: 35} 
01096778 OR.DER NO: AAD90-08967 
MECHANISMS OF MULTIDRUG RESISTANCE: DIFFERENCES BETWEEN NATURAL AND; 
ACQUIRED A.ORIAMY'CIN-RESISTANT HOMAN COLON CARCINOMA CELLS (COLON CARCINOMA 
CELLS) 
? 
t25/7/1 

25/1/1 (Item 1 from file: 35) 
DIALOG(R)File. 35:Disse:rtation Ab .. stracts Online 
(c) 1996 UMI. All rts. reserv. 

01490694 ORDER NO: AADAA-INN0S794 
TRIE METHODS FOR TEXT AND SPATIAL DATA ON SECONDARY STORAGE 

Atitho:r: SH.ANG, HEPING 
Deg.ree: PH. D. 
Year: 1995 
Co:rj_:)orate source/Institution: MCGILL UNIVERSITY (CANADA) (0781) 
Adviser: T. H. MERRETT 
source: VOLUME 57/03-B OF DISSERTATION ABSTRACTS INTERNATIONAL. 

PAGE 1921. 142 PAGES 
ISBN: 0-612-05794-l 

This thesis present$ three trie organizations for various binary 
tries. The new trie structures have two distinctive features: (1) they 
store no pointers and require two bits per node in the worst. case,· .a.nd (2} 
they partition tries into pages and are sulta.ble for secondary storage. 
We apply trie structures to indexing, storing .and querying both text, and 
spa.ti.al data on secondary storage. We ar~."interested in prac~ical problems 
such as storage compactness, I/0 efficiency, and large trie construption. 

We use our tries to index and search arbitrary substrings of a, text. 
For an index of 100 million keys, our trie is 10%-25% smaller than the best 
known method. This diffe.rence is important since the index size is crucial 
for trie methods. We provide methods for dynamic trie.s and allow texts to 
be changed. We also use our tries to compress and approximately search 
large dictionaries. Our algorithm can find strings with .k misinatohes in 

sul:>linear time . To our knowledge, no other published sublinear 
algorithm is knoW11 for this problem. 

Besides,· we use our tries to store and query spatial data such. as 
maps. A trie structure is proposed to permit querying and retrieving 

·spatial data at arbitrary levels of resolution, without reading froin 
secondary .storage any more data than is needed for the specified 
:resolution. The trie structure also compresses spatial data substantially. 
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The performance results on map data have confirmed our expectations;: the 
querying cost is linea:r: .... in t.he amount of data needed and independent of the 
data size in practice. we gi.ve algorithms for a set of sample queri~s 
including geometrical selection, geometrical join and the nearest 
neighbour. We also show how to control query cost by specifying an 
acceptable resolution. 
? 
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Set Items Descriptdon 
Sl 45314 VOICE OR AUDIO OR .ANALOG? 

$3 118129 COMPRESS•? OR REDUC? OR REON? 

S6 49 SINGLE (lW) (SIDEBAND? OR SIDE() BAND? ?) 

$17 33 Sl{4N)S3 AND RECEIV? 

$20 11826 DEMODULAT? OR DB ()MODULAT? OR MODEM? OR $1 (3N)DIGIT? 
S2.1 16 SU AND S20 

S2.7 O S2.1 AND 6 
? 

S28 0 S21 AND S6 
? 
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820 

S29 

S32 
S33 
S34 

11826 

S36 
? 
t36/7/al1 

1825 

84 
38 
14 

5 

» > PAUSE ended. 

DEMODULAT? OR DE () MODULAT? OR MODEM? vR $1 (3N) D!G!T:? 

S20 AND,... (RECEIV? OR TERMINAL?) 

S29 AND FILTER? 
S32 AND {MODULAT? OR QAM) 
S33 AND AMPLI? 

S34 AND SIGNAL?(2N)PROCESS? 

36/7/1 (Item 1 from file: 35) 
DIALOG(R}File 35:Dissertati.on Abstracts Online 
{c) 1996 UMI. All rts. r~serv. 

01419010 ORDER NO: AADAA-19518997 
A 100 MHZ, 5-MBAUD QAM RECE!VER FOR DIGITAL TELEVIS!ON APPL'ICATIONS 
(CATV, HDTV) 

Author: JOSHI, ROBINDRA B. 
Degree: PH.D. 
Year: 1995 
Corporate Source/Institution: UNIVERSITY OF CALIFORNIA, :LO$ ANGELES 

0031.) 
Chair: HENRY SAMTJELI 
Source: VOLUME 56/02-:S OF DISSERTATION ABSTRACTS INTERNAT:CONAL. 

PAGE 1004. 170 PAGES 

Next generation digital television systems, such as proposed cable 
Television (CATV) and High Definition Television (HDTV) services, wd.11 rely 
on transceivel;"s to deliver data at rates of up to 40 Ml:>/s. Quadrature 

amplitude modulation ( QAM } schemes, successfully employed in 
high speed modems and digital radio systems, represent a promising 
transmission format for CATV and HD'l'V. systems. QAM . is a pas.sbanp. 
transmission scheme noted for its high bandwidth efficiency and is 
therefore an attractive modulation scheme for CATV and HDTV,. :t:>oth of 
which must operate under limited bandwidth budgets. Proposed specifications 
for ~ digital television schemes are 16-~ at a 20 Mb/s data 
rate for HDTV and. 64- QAM at a 30 Mb/s data rate for CATV. The HDTV and 
CATV system broadcasts must be compatible with the existing 6 MHzNµ'SC 
channel bandwidths and thus 5 MBaud is the maximum practical symbol' rate 
which can be transmitted in the existing channel slots. 

This dissertation presents results from the investigation of the. 
architecture design and VLSI implementation of a .5-Ml:iaud Q.AM 

receiver chip designed to accommodate digital television appliOations. 
Th~ QAM receiver chip contains ali •of the signal } processing 
blocks required to implement a complete all-c;iigital ~ receiver 
including a quadrature demodulator , an adaptive feed-forward equalizer 
(FFE), an adaptive decision-feedback equalizer (DFE}, a sampling phase 
error cJ.etector, and a numerically controlled oscillator (NCO). The '.PFE and 
DFE are both 20 tap filters and use an IMS coefficient updating 
algorithm. The FFE can be used in either a T-spaced or T/2-spaced mode. The 
projected maximum clock frequency of the receiver chip is l00 MHz for a 
symbol rate of 5 Mbaud. The receiver accommodates modulation , 
formats as complex as 256- Q.AM which corresponds to a peak throughput 
rate of 40 Mbits/s. The receiver was created as a two piece chip.set and 
was fabricated in 1.0-micron CMOS. 
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36/7 /2 (Item 2 from :tile: 35) 
DIALOG(R)File 35:Disseftation Abstracts Online 
(c) 1996 UML All rts. reserv. 

01204929 ORDER NO: A.AD92-06133 
EYBRID ACOUSTO-OPTIC AND DIGITAL EQUALIZATION OF MICROWAVE DIGITAL RADIOS 

Author: ANDERSON, CHRISTOPHER SCOTT 
Degree: PH.D. 
Year: 1991 
Corporate Source/Institution: NORTH CAROLINA STATE UNIVERSITY AT RALEIGH 

(0155) 
Director: ANTHONY VANDERLUGT 
Source: VOLUME 52/09-B OF DISSERTATION ABSTRACTS INTERNATIONAL. 

PAGE 4882. 270 PAGES 

Digital radio transmission systems use complex· modulation schemes 
that require powerful signal processing techniques to correct 
channel distortions and to minimize hit error rates. In this dissertation, 
a class ot combined . analog and digital processors is developed that 
minimizes the mean square error oft.he radio receiver . The analog 

filters are impl.emented using acousto-optic processing since rapidly 
adapt.able., inverse channel filters .. •· can be produced. A specific , 
arGhitecture and algorithm is identified and a prototype processor is 
designed, constructed, and tested. Laboratory measurements verify the 
ability of the processor to track and correct time-varying channels. These 
measurements also all.ow accurate modeling of the acousto-optic proc~l:llsor in 
a microwave digital radio simulation. that includes quadrature amplitude 

modulation , channel distortion, hybrid equalization, and mean square 
error timing recovery. Computer analysis shows that hybrid equalization 
allows a four-fold incz-ep.se in the data. capacity of radio, relative, to a.11 
digital equalization, while maintaining or decreaslng sensitivity tp 
channel distortion. This additional capacity will increase the. number of 
voice-band telecommunication signals that can be supported by a single 
radio. 

36/7/3 <Item 3 from file: 35} 
DIALOGfR)File 35:Dissertation Abstracts Online 
(c) 1996 UMI. All rts. reserv. 

01190876 ORDER NO: AADDX-93002 
AN INVESTIGATION INTO THE EFFECTS OF USING LIMITED :PRECISION INTEGER 
ARITHMETIC IN DIGITAL MODEMS 

Author: HA.LE, R. G. 
Degree: PH .. D. 
Year: 1990 
Corporate Source/Institution: UNIVERSITY OF TECHNOLOGY, LOUGHBOROUGH 

(UNI'I'ED KINGDOM) {5027) 
Source: VOLUME .52/04-B OF DISSERTATION ABSTRACTS INTERNATIONAL. 

PAGE 2210. 324 PAGES 

Available from UMI in association with The British Library. 
The main aim of this thesis is to st:t1dy t.he effects of using a .. reduced 

level of arithmetical precision (as found in a 16-bit microprocessor) 
whilst rt.1.nning various algorithms in the detection stages of a digital 

modem . The reason for using a lower precision is to see if these 
algorithms will rt.1.p on a limited precision devic.e, such as a Texas 
:i:nstruments TMS320C25 digital signal processor , in real time. 

J.:n the study, data is transmitted over voice-band channels, au.ch as 
telephone circuits and H.F. radio links, where the main imparements are 
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intersymbol interference and additive noise. The charl:llcteristics of· these 
channels is briefly studied. 

The thesis includes a study of quadrature amplitude modulated 
( QAM ) signals transmitted over voice-band channels when.the 
transmission path has, both, time invariant characteristics and when it 
introduces Rayleigh fading into the transmitted signal .. Based on this 
study, an equivalent baseband model of the QAM system is derived, which 
is used in extensive computer simulation tests. _ 

Two near maximum li~elihood detectors are studied, one of which is a 
modified version of the pseudobinary reduced state Viterbi algorithm and is 
easily implemented in real time .. The linear feedforward channel estimator 
is also studied, along with an efUdent root finding algorit;hm that 
adaptively adjusts a pre- filter placed ahe.ad o.f the detector such that 
the combined impulse response of the channel and filter is mim.mum 
phase. To show the effects .of using integer.arithmetic, all of thesi? 
algorithms are simulated using integer variables. 

Re.sults of computer simulation tests are presented, showing tb.e 
performance of.the above algorithms whilst they are running independently 
from eacb other and when they are combined to form a complete modem 

receiver . High precision numerical values, calculated using the,NAG 
mathematical library, are used to demonstrate the accuracy of the rbot 
finding algodthm when it is running with integer arithmetic. Results of 
running the root finding algorithm on a TMS320C2.5 development board' are 
also given. These results are also compared with those foun<i using the. NAG 
library. 

36/?/4 ( Item 4 from file: 35) 
DI.ALOG(R)File 35:Dissertation Abstracts Online 
(c) 1996 OMI. All rts. reserv. 

0971289 ORDER NO: NOT AVAILABLE FROM UNIVERSITY MICROFILMS INT'L. 
ANALOG OPTICAL PROCESSING OF RADIO. FREQUENCY SIGNALS 

Author: Sm:...tIVAN, DANIEL PAUL 
Degree: PB •. D 
Year: 1987 
Corporate Source/Institution: UNIVERSITY OF SOUTHERN CALIFORNIA (02.08) 
Sourc.e: VOLUME 48/09-B OF DISSERTATION ABSTRACTS INTERNATIONAL. 

PAGE 2747. 

This paper contains a.n. approach to the implementation of optical 
;,recessing in complex electronic systems intended to receive and 
J,perate on multiple radio. frequency (or mic.rowave) signals. The goal is_ to 
:!Xploit the rapidly expanding exploration of linear and nonlinear optics to 
realize transponders and• receiving systems for satellites and other 
?latforms. The inputs are assumed to be miprowave. The outpu~s are assumed 
:o be microwave or electronic (digital). The focus of the effort is in the 
irchitecture for the electronic functions, that allow optical component 
3yn.thesis .. These elements accomplish the following signal 

p.rocessing operations: amplitude modulation and 
demodulation ; phase modulation and demodulation ;. frequency 
modulation and demodulation ; phase locked loop signal tracking; 

,arrier element mixing (frequency shifting); signal filtering ; ~nd 
;ignal matched filtering . 

To accomplish the above operatidns on a theoretical basis, 
typothetical devices a:i;-e assumed for spatial light modulation of the RF 
:ignals onto an optical beam, and for operating on one light beam complex 
.m.velope with another light beam. complex envelope in four different; forms. 
'.andidate optical component reaH.zations of these hypothetical devipes are 
•resented utilizing acousto-optic cells, photorefractive crystals, ~md 



IPR2020-00033 Page 00126

crystals with third order non.linearities, including a.u original app1roach to 
an ultra--linear acousto-optic modulator . current techniques in optics 
employed include Fourie:t: plane filtering , holography, c:1.nd four wave 
mixing. · 

'I'otal optical implementations are developed for a frequency division 
multiplexed and f;requency modulated microwave carrier, a tracking phase 
locked loop, a.nd a radar pulse receiving system. The approach taken is 
to create optical analogs to the electronic system implementations .which 
will lead to extensive growth in the .replacement of electronics with 
optoe1ectronics,. and eventually inte.grated optics. The results repr~sent. an 
existence proof of candidate architectures Which will allow complete 
optical processing synthes.is of communication and radar systems. ( cppies 
available exclusively from Micrographics Department, Doheny Library·, USC, 
Los Angeles, CA 90089~0182.) 

36/7/5 (Item l from file: 202) 
DIALOG(R.)File 202:Information Science Abs. 
(c) 1996 IFI/Plenum Data Corp. All rts. reserv. 

00109391 8610689 , 
ISA Document .Number in Printed Publication: 8610689 

Converting and decoding receiver for digital data recbrded in 
analog fol:'m on magnetic tape (Patent). 

Document Type: Patent 
/:\.uthor (Affiliation): Kammayer, K. -D.; Rungeler, A. 
l?atent Assignee{s): Robert Bosch, GMBH, DE 
Patent Number{s): us 4646173 
?ublicati.on Language (s) : English 
3ource: Feb 24, 1987 

Apparatus for receiving data transmitted. or recorded 
synchronously in the .form of a multiste.p-coded modulated wave 
signal modula.ted at · 1east in part in multistep phase or f:teqUency 

modulation , which data are subject to timing jitter and to sudden 
and short-interval, changes of amplitude after transmission: or 
recording and before reception, said apparatus comprising an analog 
-to- digital converter, a quadrature pair of digital bandpass 

filters connected so that both said filters are supplietl'&with 
output signals from said analog -to- digital converter, a 
decision circuit for selecting a complex data signal frorn a set of 
predetermined complex reference data signals which most nearly 
approximates a c.omplex data s.ignal constituted by contemporary putputs 
of said filters during intervals of predetermined length1 sj:lid 
decision circuit being connected to the outputs of said filters by 
switching mec1ns defining said intervals and further comprising: means 
for clocking said analog -to- digital converter at a controllable 
rate in a frequency range in the neighborhood of a. predet'e.rminep. rate, 
determined from input signal characteristics expected from tran.smission 
or recording standards, in. response to a timing control signal;' means 
for deriving said timing control signal by comparison of input and 
output signals of said decision circuit:. and for applying said frequency 
control signal to said clocking means, and means provided in sa'id 

filters . for varying the propag.ation tirne therethrough of signals 
supplied by said analog -to- digital converter, and for , 
accomplishing said variation in response to said timing control signal; 
said filters being constituted for providing stepwis.e variable 
propagation time therethrough without substantial change of filter 
bandwidth and being connected to said timing control signal der'.j.ving 
means for propagation time control in response to said control signal 
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[57] ABSTRACT 

The present invention comprises a method for compressing 
a plurality of voice signals within a voice oommunication 
resource (see FIG. 6) having a given bandwidth within a 
voice communication system (100). The method oomprises 
the steps of subchanneling the voice communication 
resource into a plurality of subchannels ( 441, 442, 443), 
placing a pair of the plurality of voice signals (401, 402) on 
a subchannel ( 441); modulating the pair of the plurality of 
voice signals (401, 402) about a pilot signal (581) within the 
subchannel ( 441) using single sideband modulation; and 
compressing the time of each of the voice signals ( 401, 402) 
within the plurality of subdlannels (441 , 442, 443), wherein 
these step provide a compressed voice signal. 

20 Claims, 14 Drawing Sheets 
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VOICE COMPRESSION METHOD AND 
APPARATUS IN A COMMUNICATION 

SYSTEM 

This is a continuation of application Ser. No. 08/395,747 
filed Feb. 28, 1995, now abandoned. 

TECHNICAL FIELD 

1bis invention relates generally to voice compression 
10 

techniques, and more particularly a method and apparatus of 
voice compression using efficient bandwidth utilization and 
time compression techniques. 

BACKGROUND 

2 
mitter base station and a plurality of selective call receivers. 
The transmitter base station comprises an input device for 
receiving an audio signal, a processing device for compress
ing the audio signal using a time-scale compression tech
nique and a single side band modulation technique to 
provide a processed signal and a quadrature amplitude 
modulator for the subsequent transmission of the processed 
signal. Each of the plurality of selective call receivers 
comprises a selective call receiver module for receiving the 
transmitted processed signal, a processing device for 
demodulating the received processed signal using a single 

Voice message paging is not economically feasible for 
large paging systems with current technology. The air time 
required for a voice page is much more than that required for 

side band demodulation technique and a time-scale expan
sion technique to provide a reconstructed signal, and an 
amplifier for amplifying the reconstructed signal into an 
reconstructed audio signal. 

15 In another aspect of the present invention, a selective call 
receiver for receiving compressed voice signals, comprises 
a selective call receiver module for receiving a transmitted 
processed signal, a processing device for demodulating the 

a tone, numeric or alphanumeric page. With current 
technology, voice paging service would be economically 20 

prohibitive in comparison to tone, numeric or alphanumeric 
paging with less than ideal voice quality reproduction. 
Another constraint in limiting voice message paging is the 
bandwidth and the present methods of utilizing the band
width of paging channels. In comparison, the growth of 25 
alphanumeric paging has been constrained by the limited 
access to a keyboard input device for sending alphanumeric 
messages to a paging terminal, either in the form of a 
personal keyboard or a call to an operator center. A voice 
system overcomes these entry issues since a caller can 30 

simply pick up a telephone, dial access numbers, and speak 
a message. Further, none of the present voice paging systems 
take advantage of Motorola's new high speed paging pro
tocol structure, also known as FLEX™. 

received processed signal using a single side band demodu
lation technique and a time-scale expansion technique to 
provide a reconstructed signal, and an amplifier for ampli-
fying the reconstructed signal into an reconstructed audio 
signal. 

In yet another aspect of the present invention, a paging 
base station for transmitting selective call signals on a 
communication resource having a predetermined 
bandwidth, comprises, an input device for receiving a plu
rality of audio signals, a device for subchannelizing the 
communication resource into a predetermined number of 

Existing voice paging systems lack many of the FLEX™ 
protocol advantages including high battery saving ratios, 
multiple channel scanning capability, mixing of modes such 

subchannels, an amplitude compression and filtering module 
for each subchannel for compressing the amplitude of the 
respective audio signal and filtering the respective audio 
signal, a time compression module for compression of the 
time of the respective audio signal for each subchannel, and 
a quadrature amplitude modulator for the subsequent trans-

35 mission of the processed signal. 

as voice with data, acknowledge-back paging (allowing for 
return receipts to the calling party), location finding 
capability, system and frequency reuse, particularly in large 40 

metropolitan areas, and range extension through selective 
re-transmission of missed message portions. 

BRIEF DESCRIPTION OF THE DRAWINGS 

F1G. 1 is a block diagram of a voice communication 
system in accordance with the present invention. 

F1G. 2 is a block diagram of a base station transmitter in 
accordance with the present invention. 

F1G. 3 is an expanded electrical block diagram of the base 
station transmitter in accordance with the present invention. 

F1G. 4 is an expanded electrical block diagram of another 
base station transmitter in accordance with the present 
invention. 

F1G. 5 is block diagram of a speech processing, encoding, 
and modulation portion of a base station transmitter in 
accordance with the present invention. 

F1G. 6 is a spectrum analyzer output of a 6 single
sideband signal transmitter in accordance with the present 
invention. 

With respect to the aspect of paging involving time
scaling of voice signals and to other applications such as 
dictation and voice mail, current methods of time-scaling 45 

lack the ideal combinatjons of providing adequate speech 
quality and flexibility that allows a designer to optimize the 
application within the constraints given. Thus, there exists a 
need for a voice communication system that is economically 
feasible and flexible in allowing optimization within a given 50 

configuration, and more particularly with respect to paging 
applications, that further retains many of the advantages of 
Motorola's FLEX™ protocol. F1G. 7 is an expanded electrical block diagram of a 

55 selective call receiver in accordance with the present inven
tion. SUMMARY OF THE INVENTION 

In one aspect, the present invention comprises a method 
for compressing a plurality of voice signals within a voice 
communication resource having a given bandwidth within a 
voice communication system. The method comprises the 
steps of subchanneling the voice communication resource 
while placing at least one of each of the plurality of voice 
signals on a subchannel and compressing the time of each of 
the voice signals within each of the subchannels, wherein 
these steps provide a compressed voice signal. 

In another aspect of the present invention, a communica
tion system using voice compression has at least one trans-

F1G. 8 is an expanded electrical block diagram of another 
selective call receiver in accordance with present invention. 

F1G. 9 is an expanded electrical block diagram of another 
60 selective call receiver in accordance with present invention. 

F1G. 10 is a timing diagram showing the transmission 
format of an outbound signaling protocol in accordance with 
the present invention. 

F1G. 11 is another timing diagram showing the transmis-
65 sion format of an outbound signaling protocol including 

details of a voice frame in accordance with the present 
invention. 
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FIG. 12 is another timing diagram illustrating a control 
frame and two analog frames of the outbound signaling 
protocol in accordance with the present invention. 

FIGS. 13-17 illustrate timing diagrams for several itera
tions of the WSOLA time-scaling (compression) method in 
accordance with the present invention. 

FIGS. 18-22 illustrate timing diagrams for several itera
tions of the WSOLA-SD time-scaling (compression) 
method in accordance with the present invention. 

FIGS. 23-24 illustrate timing diagrams for iterations of 
the WSOLA-SD time-scaling (expansion) method in accor
dance with the present invention. 

FIG. 25 illustrates a block diagram of the overall 
WSOLA-SD time scaling method in accordance with the 
present invention. 

DErAil.ED DESCRIPTION OF THE 
PREFERRED EMBODIMENT 

Referring to FIG. 1, a communication system illustrative 
of the voice compression and expansion techniques of the 
present invention are shown in a block diagram of the 
selective call system 100 which comprises an input device 
for receiving an audio signal such as telephone 114 ( or other 
input device such as a computer) from which voice based 
selective calls are initiated for transmission to selective call 
receivers in the system 100. Each selective call entered 
through the telephone 114 typically comprises (a) a receiver 
address of at least one of the selective call receivers in the 
system and (b) a voice message. The initiated selective calls 
are typically provided to a transmitter base station or a 
selective call terminal 113 for formatting and queuing. Voice 
compression circuitry 101 of the terminal 113 serves to 
compress the time length of the provided voice message (the 
detailed operation of such voice compression circuitry 101 
is discussed in the following description of FIGS. 2, 3 and 
4). Preferably, the voice compression circuitry 101 includes 
a processing device for compressing the audio signal using 

4 
receiver address matches any of the receiver addresses 
stored in the decoder 107, an alert 111 is optionally 
activated, providing a brief sensory indication to the user of 
the selective call receiver 112 that a selective call has been 

5 received. The brief sensory indication may comprise an 
audible signal, a tactile signal such as a vibration, or a visual 
signal such as a light, or a combination thereof. The ampli
fied voice message is then furnished from the audio ampli
fier 108 to an audio loudspeaker within the alert 111 for 

10 message announcement and review by the user. 

The decoder 107 may comprise a memory in which the 
received voice messages can be stored and recalled repeat
edly for review by actuation of one or more controls 110. 

In another aspect of the invention, portions of FIG. 1 can 
15 be equally interpreted as part of a dictation device, voice 

mail system, answering machine, or sound track editing 
device for example. By removing the wireless aspects of the 
system 100 including the removal of selective call transmit
ter 102 and radio frequency receiver 105, the system can be 

20 optionally hardwired from the voice compression circuitry 
101 to the voice expansion circuitry 106 through the AID 
115 as shown with the dashed line. Thus, in a voice mail, 
answering machine, sound track editing or dictation system; 
an input device 114 would supply an acoustic input signal 

25 such as a speech signal to the terminal 113 having the voice 
compression circuitry 101. The voice expansion circuitry 
106 and controls 110 would supply the means of listening 
and manipulating to the output speech signal in a voice mail, 
answering machine, dictation, sound track editing or other 

30 applicable system. This invention clearly contemplates that 
the time-scaling techniques of the claimed invention has 
many other applications besides paging. The paging 
example disclosed herein is merely illustrative of one of 

35 
those applications. 

a time-scaling technique and a single sideband modulation 
technique to provide a processed signal. The selective call is 
then input to the selective call transmitter 1&2 where it is 40 
applied as modulation to a radio frequency signal which is 
sent over the air through an antenna 113. Preferably, the 
transmitter is a quadrature amplitude modulation transmitter 
for transmitting the processed signal. 

Now referring to FIG. 2, there is shown a block diagram 
of a paging transmitter 102 and terminal 113 including an 
amplitude compression and filtering module 150 coupled to 
a time compression module 160 which is coupled to the 
selective call transmitter 102 and which transmits messages 
using aerial or antenna 103. Referring to FIGS. 3 and 4, a 
lower level block diagram of the block diagram of FIG. 2 is 
shown. 

Please keep in mind that this compressed voice paging 

An antenna 104 within a selective call receiver 112 
receives the modulated, transmitted radio frequency signal 
and inputs it to a selective call receiver module or radio 
frequency receiver module 105 for receiving the processed 
signal or radio frequency signal, where the radio frequency 
signal is demodulated and the receiver address and the 
compressed voice message modulation are recovered. The 
compressed voice message is then provided to an analog to 
digital converter (AID) 115. Preferably, the selective call 
receiver 112 includes a processing device for demodulating 
the received processed signal using a single sideband 
demodulation technique and a time-scaling expansion tech
nique to provide a reconstructed signal. The compressed 
voice message is then provided to a voice expansion circuit 
106 where the time length of the voice message is preferably 
expanded to the desired value (the detailed operation of such 
voice expansion circuitry 106 used in the present invention 
is discussed in the following description of FIGS. 7 and 8). 
The voice message is then provided to al! amplifier such as 
audio amplifier 108 for the purpose of amplifying it to a 
reconstructed audio signal. 

The demodulated receiver address is supplied from the 
radio frequency receiver HS to a decoder 107. If the 

45 system is highly bandwidth efficient and intended to support 
typically 6 to 30 voice messages per 25 kHz channel using 
the basic concepts of quadrature amplitude (QAM) or 
single-side band (SSB) modulation and time scaling of 
speech signals. Preferably, in a first embodiment and also 

50 referring to FIG. 6, the compressed voice channel or voice 
communication resource consists of 3 sub-channels that are 
separated by 6250 Hz. Each sub-channel consists of two 
side-bands and a pilot carrier. Each of these two side-bands 
may have the same message in a first method or separate 

55 speech messages on each sideband or a single message split 
between the upper and lower sidebands in a second method. 
The single sub-channel has a bandwidth of substantially 
6250 Hz with each side-band occupying a bandwidth of 
substantially 3125 Hz. The actual speech bandwidth is 

60 substantially 300-2800 Hz. Alternatively, the quadrature 
amplitude modulation may be used where the two indepen
dent signals are transmitted directly via I and Q components 
of the signal to form each sub-channel signal. The band
width required for transmission is the same in the QAM and 

65 SSB cases. 

Note that modules 150 and 160 in FIG. 2 can be repeated 
for use by each different voice signal (up to 6 times in 25 
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KHz wide channels and up to 14 times in 50 KHz wide 
channels) to allow for the efficient and simultaneous trans
mission of (up to 6 in examples shown) voice messages. 
They can all then be summed at a summing device (not 
shown, but see FJG. 5) and preferably processed as a 
composite signal in 102. A separate signal (not shown) 
contains the FM modulation of the FLEX™ protocol ( as will 
be described later) which may optionally be generated in 
software or as a hardware FM signal exciter. · 

Preferably, in the examples shown herein, an incoming 
speech message is received by the terminal 113. The present 
system preferably uses a time-scaling scheme or technique 
to achieve the required compression. The preferred com
pression technique used in the present invention requires 
certain parameters specific to the incoming message to 
provide an optimum quality. Preferably, the technique of 
time-scale compression processes the speech signal into a 
signal having the same bandwidth characteristics as uncom
pressed speech. (Once these parameters are computed, 
speech is compressed using the desired time-scaling com
pression technique). This time-scaled compressed speech is 
then encoded using a digital coder to reduce the number of 
bits required to be distributed to the transmitters. In the case 
of a paging system, the encoded speech distributed to the 
transmitters of multiple simulcasting sites in a simulcasting 
paging system would need to be decoded once again for 
further processing such as amplitude compression. Ampli
tude compression of the incoming speech signals (preferably 
using a syllabic compander) is used at the transmitter to give 
protection against channel impairments. 

A time scaling technique known as Waveform Similarity 
based Overlap-Add technique or WSOLA encodes speech 
into an analog signal having the same bandwidth character
istics as uncompressed speech. This property of WSOLA 
allows it to be combined with SSB or QAM modulation such 
that the overall compression achieved is the product of the 
bandwidth compression ratio of multiple QAM or SSB 
subchannels (in our example, 6 voice channels) and the time 
compression ratio of WSOLA (typically between 1 and 5). 
In the present invention, a modified version of WSOLA, 
later descnbed and referred to as "WSOLA-SD" is used. 
WSOLA-SD retains the compatibility characteristics of 
WSOLA that allows the combination with SSB or QAM 
modulation. 

Preferably, an Adaptive Differential Pulse Coded Modu
lation coder (ADPCM) is used to encode the speech into data 
that is subsequently distributed to the transmitters. At the 
transmitter, the digital data is decoded to obtain WSOLA
SD compressed speech which is then amplitude companded 
to provide protection against channel noise. This signal is 
Hilbert transformed to obtain a single-sideband signal. 
Alternatively, the signal is quadrature modulated to obtain a 
QAM signal. A pilot carrier is then added to the signal and 
the final signal is interpolated, preferably, to a 16 kHz 
sampling rate and converted to analog. This is then modu
lated and transmitted. 

The present invention can operate as a mixed-mode (voice 
or digital) one or two way communications system for 
delivering analog voice and/or digital messages to selective 
call receiver units on a foiward channel ( outbound from the 
base transmitter) and for receiving acknowledgments from 
the same selective call receiver units which additionally 
have optional transmitters ( on an optional reverse channel 
(inbound to a base receiver). The system of the present 
invention preferably utilizes a synchronous frame structure 
similar to FLEX™ (a high speed paging protocol by 
Motorola, Inc. and subject of U.S. Pat. No. 5,282,205, which 

6 
is hereby incorporated by reference) on the foiward channel 
for both addressing and voice messaging. Two types of 
frames are used: control frames and voice frames. The 
control frames are preferably used for addressing and deliv
ery of digital data to selective call receivers in the form of 
portable voice units (PVU's). The voice frames are used for 
delivering analog voice messages to the PVU's. Both types 
of frames are identical in length to standard FLEX™ frames 
and both frames begin with the standard FLEX™ synchro-

10 nization. These two types of frames are time multiplexed on 
a single forward channel. The frame structure for the present 
invention will be discuss in greater detail later on with 
regard to FIGS. 10, 11 and 12. 

With regard to modulation, two types of modulation are 

15 preferably used on the foiward channel of the present 
invention: Digital FM (2-level and 4-level FSK) and AM 
(SSB or QAM with pilot carrier). Digital FM modulation is 
used for the sync portions of both types of frames, and for 
the address and data fields of the control frames. AM 

20 modulation (each sideband maybe used independently or 
combined together in a single message) is used in the voice 
message field of the voice frames. The digital FM portions 
of the transmission support 6400 BPS (3200 Baud symbols) 
signaling. The AM portions of the transmissions support 

25 band limited voice (2800 Hz) and require 6.25 KHz for a 
pair of voice signals. The protocol, as will be shown later, 
takes advantage of the reduced AM bandwidth by subdivid
ing a full channel into 6.25 KHz subchannels, and by using 
each subchannel and the AM sidebands for independent 

30 messages. 
Voice System of the present invention is preferably 

designed to operate on either 25 KHz or 50 KHz forward 
channels, but other size spectrum is certainly within con
templation of the present invention. A 25 KHz forward 

35 channel supports a single FM control signal during control 
frames, and up to 3 AM subchannels ( 6 independent signals) 
during the· message portion of voice frames. A 50 KHz 
forward channel supports two FM control signals operated 
in time lock during control frames, and up to 7 AM sub-

40 channels (14 independent signals) during the message por
tion of voice frames. Of course, other configurations using 
different size bandwidths and numbers of subchannels and 
signals are contemplated within the present invention. The 
examples disclosed herein are merely illustrative and indica-

45 tive of the potential broad scope of the claims herein. 
In addition to the spectrum efficiency achieved through 

modulation and sub-channelization of the spectrum, the 
present invention, in another embodiment, can utilize a 
speaker dependent voice compression technique that time 

50 scales the speech by a factor of 1 to 5 times. By using both 
AM sidebands (alternatively, the 2 QAM components) of a 
subchannel for different portions of the same message or 
different messages, the overall compression factor per sub
channel is 2 to 10 times. Voice quality will typically decrease 

55 with an increasing time-compression factor. The compres
sion technique preferably used in the voice system of the 
present invention is a modified form of a known time
scaling technique known as Waveform Similarity based 
Overlap-Add technique (WSOLA) as previously mentioned. 

60 The modified form of WSOLA is dependent upon the 
particular speaker or speech used, hence the name 
"WSOLA-SD" for "WSOLA-Speaker dependent", which 
will be discussed later on. 

Operation of the present invention is enhanced when a 
65 reverse (inbound to the base receiver) channel is available. 

The frequency division simplex mode of operation is one 
inbound operating mode supported. (U.S. Pat Nos. 4,875, 
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038 and 4,882,579, both assigned to assignee of the present 
invention, Motorola, Inc., illustrate the use of multiple 
acknowledge signals on an inbound channel and are incor
porated herein by reference). In frequency division simplex, 
a separate dedicated channel (usually paired with the out
bound channel) is provided for inbound transmissions. 
Inbound data rates of 800 to 9600 BPS are contemplated 
within a channel bandwidth of 12.5 KHz. 

The system of the present invention can be operated in 
one of several modes depending on the availability of a 10 
reverse channel. When no reverse channel is available, the 
system is preferably operated in simulcast mode for both 
addressing and voice messaging. When a reverse channel is 
provided, the system can be operated in a targeted message 
mode whereby the messages are broadcast only on a single 15 
or a subset of transmitters located near the portable voice 
unit. The targeted message mode is characterized by simul
cast addressing to locate the portable voice unit, the portable 
voice unit's response on the reverse channel provides the 
location, followed by a localized message transmission to 20 
the portable voice unit. The targeted message mode of 
~ration is advantageous in that it provides the opportunity 
for subchannel reuse; and consequently, this mode of opera
tion can lead to increased system capacity in many large 
systems. 25 

FIG. 3 illustrates a block diagram of a first embodiment 
of a transmitte.r 3IO in accordance with the present inven
tion. An analog speech signal is input to an anti-aliasing low 
pass filter 301 which strongly attenuates all frequencies 
above one-half the sampling rate of an analog-to-digital 30 
converter (ADC) 303 which is further coupled to the filter 
301. The ADC 3'3 preferably converts the analog speech 
signal to a digital signal so that further signal processing can 
be done using digital processing techniques. Digital pro
cessing is the preferred method, but the same functions 35 
could also be performed with analog techniques or a com
bination of analog and digital techniques. 

A band pass filter 305 coupled to the ADC 303 strongly 
attenuates frequencies below and above its cutoff frequen
cies. The lower cutoff frequency is preferably 300 Hz which 40 

allows the significant speech frequencies to pass, but attenu
ates lower frequencies which would interfere with a pilot 
carrier. The upper cutoff frequency is preferably 2800 Hz 
which allows the significant speech frequencies to pass but 
attenuates higher frequencies which would interfere with 45 

adjacent transmission channels. An automatic gain control 
(AGC) block 307 preferably coupled to the filter 305 equal
izes the volume level of different voices. 

A time compression block 30!J preferably coupled to the 
AGC block 307 shortens the time required for transmission so 
of the speech signal while maintaining essentially the same 
signal spectrum as at the output of the bandpass filter 305. 
The time compression method is preferably WSOLA-SD ( as 
will be explained later on), but other methods could be used 
An amplitude compression block 311, and the corresponding 55 

amplitude expansion block 720 in a receiver 700 (FIG. 7), 
form a companding device which is well known to increase 
the apparent signal-to-noise ratio of the received speech. The 
companding ratio is preferably 2 to 1 in decibels, but other 
ratios could be used in accordance with the present inven- 60 
tion. In the particular instance of a communication system 
such as a paging system, the devices 301-309 may be 
included in a paging terminal (113 of FIG. 1) and the 
remaining components in FIG. 3 could constitute a paging 
transmitter (102 of FIG. 1). In such a case, there would 65 
typically be a digital link between the paging terminal and 
paging transmitter. For instance, the signal after block 309 

8 
could be encoded using a pulse code modulation (PCM) 
technique and then subsequently decoded using PCM to 
reduce the number of bits transferred between the paging 
terminal and paging transmitter. 

In any event, a second band pass filter 308 coupled to the 
amplitude compression block 311 strongly attenuates fre
quencies below and above its cutoff frequencies to remove 
any spurious frequency components generated by the AGC 
307, the time compression block 3® or the amplitude 
compression block 311. The lower cutoff frequency is pref
erably 300 Hz which allows the significant speech frequen
cies to pass, but attenuates lower frequencies which would 
interfere with the pilot carrier. The upper cutoff frequency is 
preferably 2800 Hz which allows the significant speech 
frequencies to pass but attenuates higher frequencies which 
would interfere with adjacent transmission channels. 

The time compressed speech samples are preferably 
stored in a buffer 313 until an entire speech message has 
been processed. This allows the time compressed speech 
message to then be transmitted as a whole. This buffering 
method is preferably used for paging service (which is 
typically a non real time service). Other buffering methods 
may be preferable for other applications. For example, for an 
application involving two-way real time conversation, the 
delay caused by this type of buffering could be intolerable. 
In that case it would be preferable to interleave small 
segments of several conversations. For example, if the time 
compression ratio is 3:1, then 3 real time speech signals 
could be transmitted via a single channel. The 3 transmis
sions could be interleaved on the channel in 150 millisecond 
bursts and the resulting delays would not be objectionable. 
The time compressed speech signal from the buffer 313 is 
applied to both to a Hilbert transform filter 323 and to a time 
delay block 315 which has the same delay as the Hilbert 
transform filter, but does not otherwise affect the signal. 

The output of the time delay block 315 (through the 
summing circuit 317) and the Hilbert transform filter 323 
form, respectively, the in-phase (I) and quadrature (Q) 
components of an upper sideband (USB) single sideband 
(SSB) signal. The output of the time delay and the negative 
~325) of the Hilbert transform filter form, respectively, the 
m-phase (I) and quadrature (Q) components of a lower 
sideband (LSB) single sideband signal. Thus the transmis
sion may be on either the upper or lower sideband, as 
indicated by the dotted connection. 

While the upper sideband is used to transmit one time 
compressed speech signal, the lower sideband can be used to 
simultaneously transmit a second time compressed speech 
signal by using another similar transmitter ope.rating on the 
lower sideband. SSB is the preferred modulation method 
because of efficient use of transmission bandwidth and 
resistance to crosstalk. Double sideband Amplitude Modu
lation (AM) or frequency modulation (FM) could be used, 
but would require at least twice the bandwidth for transmis
sion. It is also possible to transmit one time compressed 
speech signal directly via the I component and a second time 
compressed speech signal directly via the Q component, 
however, in the present embodiment this method is subject 
to crosstalk between the two signals when multipath recep
tion occurs at the receiver. 

A direct current (DC) signal is added to the I component 
of the signal to generate the pilot carrier, which is transmit
ted along with the signal and used by the receiver (700) to 
substantially cancel the effects of gain and phase variations 
or fading in the transmission channel. The I and Q compo
nents of the signal are convened to analog form by digital-



IPR2020-00033 Page 00146

5,689,440 
9 10 

to-analog converters (DAC) 319 and 3:rl respectively. The 417, 459, 463, 465, 419, 4:rl, 421, and 429 form a prepro-
two signals are then filtered by low pass reconstruction cessor which generates preprocessed I and Q signal 
filters 321 and 329 respectively to remove spurious fre- components, which when coupled to the QAM modulator 
quency components resulting from the digital-to-analog 453 generate the low level subchannel signal with a subcar-
conversion process. A quadrature amplitude modulation rier FA• having two single sideband signals. which have 
(QAM) modulator 333 modulates the I and Q signals onto a independent information on each sideband. 
radio frequency (RF) carrier at low power level. Other 
modulation methods, e.g. direct digital synthesis of the The transmitter 400 further comprises DACs 419 and 427, 
modulated signal would accomplish the same pUipose as the reconstruction filters 421 and 429, QAM modulator 433, and 

C 
3 

RF power amplifier 455 arranged and constructed as 
DA s ( 19 and 3:rl), reconStrnction filters (321 and 329), 10 described in HG. 3. Operation of the rest of the transmitter 
and QAM modulator 333. Finally, a linear RF power ampli- of HG. 4 is the same as in HG. 3. 
fier 335 amplifies the modulated RF signal to the desired 
power level, typically 50 watts or more. Then, the output of Preferably, in both transmitters 300 and 400 of FIGS. 3 
the RF power amplifier 335 is coupled to the transmitting and 4 respectively, only the anti-alias filters, the reconstruc-
antenna. Other variations can produce essentially the same 15 tion filters, the RF power amplifier and optionally the 
results. For example, the amplitude compression could be Analog to Digital converter and digital to analog converters 
performed before the time compression, or omitted alto- are separate hardware components. The remainder of the 
gether and the device would still perform essentially the devices can preferably be incorporated into software which 
same function. could be run on a processor, preferably a digital signal 

HG. 4 illustrates a block diagram of a second embodi- 20 processor. 
ment of a transmitter 400 in accordance with the present HG. 7 illustrates a block diagram of a receiver 700 which 
invention. In HG. 4, both the upper and lower sidebands are preferably operates in conjunction with the transmitter 300 
used to simultaneously transmit different portions of the of HG. 3 in accordance with the present invention. A 
same time compressed signal. The transmitter 400 prefer- receiving antenna is coupled to a receiver module 702. The 
ably includes an anti-alias filter 404, an ADC 403, a band- 25 receiver module 702 includes conventional receiver 
pass filter 405, an AGC 407, a time compression block 409, elements, such as RF amplifier, mixer, bandpass filter, and 
an amplitude compression block 411, and a bandpass filter intermediate frequency (IF) amplifier (not shown). A QAM 
408 coupled and configured as in HG. 3. Operation of the dem~at~>r 704 detects the I. a~d Q components of the 
transmitter of HG. 4 is the same as in FIG. 3 until an entire received signal. An analog-to-digital converter (ADC) 706 
speech message has been processed and stored in a buffer 30 converts the I and Q components to digital form for further 
413. The time compressed speech samples stored in the processing. Digital processing is the preferred method, but 
buffer 413 are then divided to be transmitted on either the the same functions could also be performed with analog 
upper or lower sideband. Preferably, the first half of the time techniques or a combination of analog and digital tech-
compressed speech message is transmitted via one sideband niques. Other methods of demodulation, e.g., a sigma-delta 
and the second half of the time compressed speech message 35 converter, or direct digital demodulation, would accomplish 
is transmitted via the other sideband ( or alternatively on the same purpose as the QAM demodulator 704 and ADC 
each of the I and Q components directly). 706. 

The first portion of time compressed speech signal from A feedforward automatic gain control (AGC) block 708 
the buffer 413 is applied to both a first Hilbert transform uses the pilot carrier, transmitted along with the time com-
filter 423 and to a first time delay block 415 which has the 40 pressed speech signal, as a phase and amplitude reference 
same delay as the Hilbert transform filter 423 but does not signal to substantially cancel the effects of amplitude and 
otherwise affect the signal. The output of the first time delay phase distortions occurring in the transmission channel. The 
(through summing circuit 417) and the first Hilbert trans- outputs of the feedforward automatic gain control are cor-
form filter 423 (through summing circuit 465) are In-Phase rected I and Q components of the received signal. The 
(I) and Quadrature Phase (Q) signal components which, 45 corrected Q component is applied to a Hilbert transform 
when coupled to I and Q inputs of the QAM modulator, filter 712, and the coi:rected I component is applied to a time 
generate upper sideband signal having information only delay block 710 which has the same delay as the Hilbert 
from the first portion of time compressed speech samples. transform filter 712 but does not otherwise affect the signal. 
The second time compressed speech signal from the buffer If the time compressed speech signal was transmitted on 
413 is applied to both a second Hilbert transform filter 461 50 the upper sideband, the output of the Hilbert transform filter 
and to a second time delay block 457 which has the same 712 is added (through summing circuit 714) to the output of 
delay as the Hilbert transform filter 461 but does not the time delay block 710 to produce the recovered time 
otherwise affect the signal. The output of the second time compressed speech signal. If the time compressed speech 
delay (through summing circuits 459 and 417) and the signal was transmitted on the lower sideband, the output of 
negative (463) of the output of the second Hilbert transform 55 the Hilbert transform filter 712 is subtracted (716) from the 
filter 461 (and again, through summing circuit 465) are output of the time delay block 710 to produce the recovered 
In-Phase (I) and Quadrature Phase (Q) signal components time compressed speech signal. The recovered time com-
which, when coupled to I and Q inputs of the QAM pressed speech signal is preferably stored in a buffer 718 
modulator, generate upper sideband signal having informa- until an entire message has been received Other buffering 
tion only from the second portion of time compressed 60 methods are also possible. (See the discussion with HG. 3.) 
speech samples. The I components of the upper and lower An amplitude expansion block 720 works in conjunction 
sideband signals are added with a DC pilot carrier compo- with the amplitude compression block 311 of HG. 3 to 
nent (through summing circuit 459) to form a composite I perform the companding function. A time expansion block 
component for transmission. The Q components of the upper 722 works in conjunction with the time compression block 
and lower sideband signals are added (through summing 65 309 of FIG. 3 and preferably reconstructs the speech into its 
circuit 465) to form a composite Q component for transmis- natural time frame for an audio output through transducer 
sion. It will be appreciated that elements 415,423,457,461, 724 or other time frames as other applications may suggest. 
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One application could optionally include the transfer of 
digitized voice to a computing device 72<J, where the 
receiver-to-computer interface can be a PCMCIA or RS-232 
interface or any number of interfaces known in the art. The 
time compression method is preferably WSOLA-SD, but 
other methods could be used, so long as complementary 
methods are used in the transmitter and receiver. Other 
variations in configuration can produce essentially the same 
results. For example, the amplitude compression could be 
performed after the time compression, or omitted altogether 
and the device would still perform essentially the same 
function. 

HG. 8 illustrates a block diagram of a receiver 750 which 
operates in conjunction with the transmitter of HG. 400 in 
accordance with the present invention. The receiver of HG. 
8 comprises an antenna, receiver module 752, a QAM 
modulator 754, an ADC 756, a Feed-forward AGC 758, a 
time delay block 760, and a Hilbert transform filter 762 
arranged and constructed as described in FIG. 7. Operation 
of the receiver of HG. 8 is the same as FIG. 7, up to the 
output of the time delay block 760 and Hilbert transform 
filter 762. The output of the Hilbert transform filter 762 is 
added to the output of the time delay block 760 (through 
summing circuit 764) to produce the recovered time com
pressed speech signal corresponding to the first half of the 
speech message which was transmitted on the upper side
band. The output of the Hilbert transform filter 762 is 
subtracted (766) from the output of the time delay block 760 
to produce the recovered time compressed speech signal 
corresponding to the second half of the speech message 
which was transmitted on the lower sideband. 

The two recovered time compressed speech signals are 
stored in either respective upper sideband and lower side
band buffers 768 or 769 until the entire message has been 
received. Then, the signal corresponding to the first half of 
the message and the signal corresponding to the second half 
of the message are applied sequentially to the amplitude 
expansion block 770. An amplitude expansion block 770 
works in conjunction with the amplitude compression block 
411 of FIG. 4 to perform the companding function. 

The operation of the rest of the receiver of HG. 8 is the 
same as FIG. 7. A time expansion block 772 works in 
conjunction with the time comp-ession block 409 of FIG. 4 
and preferably reconstructs the speech into its natural time 
frame or other time frames as other applications may suggest 
or require. The time compression method is preferably 
WSOLA-SD, but other methods could be used, so long as 
complementary methods are used in the transmitter and 
receiver. Other configurations can produce essentially the 
same results. For example, the amplitude compression could 
be performed after the time compression, or omitted alto
gether and the device would still perform essentially the 
same function. 

As with the implementation of the transmitters of FIGS. 
3 and 4, many of the components in FIGS. 7 and 8 can be 
implemented in software including, but not limited to the 
AGCs, the single-sideband or QAM demodulators, summa
tion circuits, the amplitude expansion blocks, and the time 
expansion blocks. All the other components are preferably 
implemented in hardware. 

If the speech processing, encoding and modulation por
tion of the present invention were to be implemented into 
hardware, the implementation of FIG. 5 could be used. For 
instance, transmitter 500 of FIG. 5 would include a series of 
pairs of single-sideband exciters (571-576) set to the fre
quencies of their respective pilot carriers (581-583). Ex.cit-

12 
ers 571-576 and pilot carriers 581-583 correspond to the 
separate voice processing paths. All these signals, including 
a signal from an FM signal exciter 577 (for the digital FM 
modulation used for the synchronization, address and data 
fields previously described) would be fed into a summing 
amplifier 570 which in turn is amplified by a linear amplifier 
580 and subsequently transmitted. The low level output of 
FM exciter 577 is also linearly combined in summing 
amplifier 570. The composite output signal of summing 
amplifier 570 is amplified to the desired power level, usually 

10 
50 watts or more, by linear RF power amplifier 580. The 
output of linear RF power amplifier 580 is then coupled to 
the transmitting antenna. 

Other means could be used to combine several subchannel 

15 signals. For example, the several digital baseband I and Q 
signals, obtained at the outputs of 417 and 465 in FIG. 4, 
could be translated in frequency to their respective subcar
rier offset frequencies, combined in digital form, then con
verted to analog form for modulation onto the carrier 

20 frequency. 
Referring to FIG. 9, there is shown another receiver unit 

900 in accordance with the present invention. Receiver 900 
additionally incorporates a means for detecting and decod
ing the FM modulated control signals that are used in the 

25 FLEXTM signaling protocol. Block 902 is the receiver front 
end and an FM back end. A digital automatic frequency 
controller (DAFC) and automatic gain controller (AGC) are 
incorporated into block 902. Block 906 includes the radio 
processor with a support chip 950 and Blocks 911, 914, and 

30 916 include all the output devices. Block 904 is the battery 
saver or battery economy circuit which operates under 
control of the processor 906. Block 850 is the linear decoder 
followed by an analog-to-digital converter and random 
access memory (RAM) Block 868. The receiver Block 902 

35 is preferably a modified FM receiver including the addition 
of a DAFC as described in U.S. Pat. No. 5,239,306 (which 
is assigned to the assignee of the present invention and 
which is hereby incorporated by reference herein), anAGC, 
and which provides for an intermediate frequency (IF) 

40 output at a point following most of the receiver gain but 
prior to the FM demodulator. 

The same processor that controls Motorola's FLEXTM 
protocol compatible pagers would adequately handle all the 
protocol functions in the present invention including the 

45 address recognition and message decoding of an FM 
demodulated signal. Additionally, in response to an FM 
modulated address (and perhaps message pointer code 
words), the processor 906 initiates the operation of the 
analog-to-digital conversion and of the RAM Block 868. 

50 Block 868 samples either or both the I (In-phase) and Q 
(quadrature) linearly modulated signals at the outputs of the 
linear decoder block 850. The signal samples are written 
directly to RAM with the aid of an address counter and in 
response to a control signal from the processor 906. 

55 A voice can be sent as an SSB signal occupying a single 
voice bandwidth on the channel, or equivalently on either of 
the I or Q channels as was described earlier. Each of the land 
Q signals simultaneously occupy the same RF bandwidth as 
two analog-single sidebands (SSB). Voice bandwidths are on 

60 the order of 2.8 KHz, so a typical signal sampling rate of 
about 6.4 KHz each is required of the analog-to-digital 
converter if analog-SSB is recovered from the I and Q 
channel information. The analog-to-digital converter 
samples with 8 bit precision (although as much as 10 bits is 

65 preferred). Direct memory access by the analog-to-digital 
converter allows the use of a processor whose speed and 
power are not a direct function of the channel data rate. That 
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is, a microprocessor can be used with direct memory access, 
whereas, a significantly higher speed processor would be 
required if the analog-to-digital converted data were read to 
memory through the microprocessor. 

The analog-to-digital converter (AID), the dual port RAM 5 
and the address counter are grouped as block 868. A second 
RAM YO port can be serial or parallel, and operates at a 6 
or 12K sample per second rate. A second RAM YO port is 
provided so that the processor can extract the sampled voice 
or data, process the demodulation function, and expand the 1o 
compressed voice or format the data. The restored voice is 
played back: through the voice processor 914 and transducer 
916, while formatted data can be displayed on display 911. 

Again, referring to FIG. 9, an expanded electrical block 
diagram is used to describe in further detail the receiver 15 

operation of the dual mode communication receiver of the 
present invention. The transmitted information signal, 
modulated in the FM modulation format, or in a linear 
modulation format (such as SSB), is intercepted by the 
antenna 802 which couples the information signal to the 20 

receiver section 902, and in particular to the input of the 
radio frequency (RF) amplifier 806. The message informa
tion is transmitted on any suitable RF channel, such as those 
in the VHF bands and UHF bands. The RF amplifier 806 
amplifies the received information signal, such as that of a 25 

signal received on a 930 MHz paging channel frequency, 
coupling the amplified information signal to the input of the 
first mixer 808. The first oscillator signal, which is generated 
in the preferred embodiment of the present invention by a 
frequency synthesizer or local oscillator 810, also couples 30 

the first mixer 808. The first mixer 808 mixes the amplified 
infonnati.on signal and the first oscillator signal to provide a 
first intermediate frequency, or IF, signal, such as a 45 MHz 
IF signal, which is coupled to the input of the first IF filter 
812. It will be appreciated that other IF frequencies can be 35 

utilized as well, especially when other paging channel 
frequencies are utilized. The output of the IF filter 812 which 
is the on-channel information signal, is coupled to the input 
of the second conversion section 814, which will be 
described in further detail below. The second conversion 40 

section 814 mixes the on-channel information signal to a 
Iowa- intermediate frequency, such as 455 KHz, using a 
second oscillator signal, which is also generated by the 
synthesizer 810. The second conversion section 814 ampli
fies the resultant intermediate frequency signal, to provide a 45 

second IF signal which is suitable to be coupled to either the 
FM demodulator section 908 or to the linear output section 
824. 

14 
adjusted by a frequency correction signal from the automatic 
frequency control section 816, can be utilized as well. 

An automatic gain control 820 is also coupled to the 
second conversion section 814 of the dual mode receiver of 
the present invention. The automatic gain control 820 esti
mates the energy of samples of the second IF signal and 
provides a gain correction signal which is coupled to the RF 
amplifier 806 to maintain a predetermined gain for the RF 
amplifier 806. The gain correction signal also couples the 
second conversion section 814 to maintain a predetermined 
gain for the second conversion section 814. The mainte-
nance of the gain of the RF amplifier 806 and the second 
conversion section 814 is required for proper reception of 
the high speed data information transmitted in the linear 
modulation format, and further distinguishes the dual mode 
receiver of the present invention from a conventional FM 
receiver. 

When the message information or control data is trans
mitted in the FM modulation format, the second IF signal is 
coupled to the FM demodulator section 908, as will be 
explained in detail below. The FM demodulator section 908 
demodulates the second IF signal in a manner well known to 
one of skill in the art, to provide a recovered data signal, 
which is a stream of binary information corresponding to the 
received address and message information transmitted in the 
FM modulation format. The recovered data signal coupled to 
the input of a microcomputer 906, which function as a 
decoder and controller, through an input of input/output port, 
or YO port 828. The microcomputer 906 provide complete 
operational control of the communication receiver 900, 
providing such functions as decoding, message storage and 
retrieval, display control, and alerting, just to name a few. 
The device 906 is preferably a single chip microcomputer 
such as the MC68HC05 microcomputer manufactured by 
Motorola, and includes CPU 840 for operational control. An 
internal bus 830 connects each of the operational elements 
of the device 906. YO port 828 (shown split in FIG. 9) 
provides a plurality of control and data lines providing 
communications to device 906 from external circuits, such 
as the battery saver switch 904, audio processor 914, a 
display 911, and digital storage 868. A timing means, such 
as timer 834 is used to generate the timing signals required 
for the operation of the communication receiver, such as for 
battery saver timing, alert timing, and message storage and 
display timing. Oscillator 832 provides the clock for opera
tion of CPU 840, and provides the reference clock: for timer 
834. RAM 838 is used to store information utilized in 
executing the various firmware routines controlling the 
operation of the communication receiver 900, and can also Receiver section 804 operates in a manner similar to a 

conventional FM receiver, however, unlike a convention FM 
receiver, the receiver section 804 of the present invention 
also includes an automatic frequency control section 816 
which is coupled to the second conversion section 814, and 
which appropriately samples the second IF signal to provide 
a frequency correction signal which is coupled to the fre
quency synthesizer 810 to maintain the receiver tuning to the 
assigned channel. The maintenance of receiver tuning is 
especially important for the proper reception of QAM (that 

50 be used to store short messages, such as numeric messages. 

is, I and Q components) and/or SSB information which is 
transmitted in the linear modulation format. The use of a 
frequency synthesizer to generate the first and second oscil
lator frequencies enables the operation selection of the 
receiver on multiple operating frequencies, selected such as 
by code memory programming and/or by parameters 
received over the air, as for example, in the FLEX™ 
protocol. It will be appreciated that other oscillator circuits, 
such as fixed frequency oscillator circuits which can be 

ROM 836 contains the firmware routines used to control the 
device 906 operation, including such routines as required for 
decoding the recovered data signal, battery saver control, 
message storage and retrieval in the digital storage section 

55 868, and general control of the pager operation and message 
presentation. An alert generator 842 provides an alerting 
signal in response to decoding the FM modulated signaling 
information. A code memory 910 (not shown) couples the 
microcomputer 906 through the YO port 828. The code 

60 memory is pref a-ably an EEPROM ( electrically erasable 
programmable read only memory) which stores one or more 
predetermined addresses to which communication receiver 
900 is responsive. 

When the FM modulated signaling information is 
65 received, it is decoded by the device 906, functioning as a 

decoder in a manner well known to one skilled in the art. 
When the information in the recovered data signal matches 
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any of the stored predetennined addresses, the subsequently 
received information is decoded to determine if additional 
information is directed to the receiver which is modulated in 
the FM modulation format, or if the additional information 

16 
which is coupled to the address counter 872. the AID 
converter 870 is also enable to allow sampling of the 
information symbol pairs. The ND converter 870 generates 
high speed sample clock signals which are used to clock the 
address counter 872 which in turn sequentially generates 
addresses for loading the sampled voice signals into a dual 
port random access memory 874 through data lines going 
from the converter 870 to the RAM 874. The voice signals 
which have been loaded at high speed into the dual port 

is modulated in the linear modulation format. When the 5 
additional information is transmitted in the FM modulation 
format, the recovered message information is received and 
stored in the microcomputer RAM 838, or in the digital 
storage section 868, as will be explained further below, and 
an alerting signal is generated to alert generator 842. The 
alerting signal is coupled to the audio processing circuit 914 
which drives transducer 916, delivering an audible alert. 
Other foans of sensible alerting, such as tactile or vibrating 
alert, can also be provided to alert the user as well. 

10 RAM 874 in real time, are processed by the microcomputer 
906 after all voice signals have been received, thereby 
producing a significant reduction in the energy consumed by 
not requiring the microcomputer 906 to process the infor
mation in real time. The microcomputer 906 accesses the 

When additional information is to be transmitted in the 
linear modulation format (such as SSB or "I and Q"), the 
microcomputer 906 decodes pointer information. The 
pointer information includes information indicating to the 
receiver on what combination of sidebands ( or on what 
combination of I and Q components) within the channel 
bandwidth that the additional information is to be transmit
ted. The device 906 maintains the operation of monitoring 
and decoding information transmitted in the FM modulation 
format, until the end of the current batch, at which time the 
supply of power is suspended to the receiver until the next 
assigned batch, or until the batch identified by the pointer is 
reached, during which high speed data is transmitted. The 
device 906, through I/O port 828 generates a battery saving 
control signal which couples to battery saver switch 904 to 
suspend the supply of power to the FM demodulator 908, 
and to supply power to linear output section 824, the linear 
demodulator 850, and the digital storage section 868, as will 
be described below. 

The second IF output signal, which now carries the SSB 
( or "I and Q") information is coupled to the linear output 
section 824. The output of the linear output section 824 is 
coupled to the quadrature detector 850, specifically to the 
input of the third mixer 852. A third local oscillator also 
couples to the third mixer 852, which is preferably in the 
range of frequencies from 35-150 kHz, although it will be 
appreciated that other frequencies may be utilized as well. 
The signal from the linear output section 824 is mixed with 
the third local oscillator signal 854, producing a third IF 
signal at the output of the third mixer 852, which is coupled 
to a third IF amplifier 856. The third IF amplifier is a low 
gain amplifier which buffers the output signal from the input 
signal. The third output signal is coupled to an I channel 
mixer 858 and a Q channel mixer 860. The I/Q oscillator 862 
provides quadrature oscillator signals at the third IF fre
quency which are mixed with the third output signals in the 
I channel mixer 858 and the Q channel mixer 860, to provide 
baseband I channel signals and Q channel signals at the 
mixer outputs. The baseband I channel signal is coupled to 
a low pass filter 864, and the baseband Q channel signal is 
coupled to a low pass filter 866, to provide a pair of 
baseband audio signals which represent the compressed and 
companded voice signals. 

The audio signals are coupled to the digital storage 
section 868, in particular to the inputs of an analog to digital 
converter 870. The AID converter 870 samples the signals at 
a rate at least twice the highest frequency component at the 
output of 864 and 866. The sampling rate is preferably 6.4 
kilohertz per I and Q channel. It will be appreciated, that the 
data sampling rate indicated is for example only, and other 
sampling rates may be used depending upon the bandwidth 
of the audio message received. 

During the batch when the high speed data is transmitted, 
the microprocessor 906 provides a count enabling signal 

15 stored signals through data lines and address lines, and in the 
preferred embodiment of the present invention, processes 
the information symbol pairs to generate either ASCII 
encoded information in the case of alphanumeric data hav
ing been transmitted, or digitized sampled data in the case 

20 voice was transmitted. The digitized voice samples can 
alternatively stored in other formats such as BCD, CVSD, or 
LPC based forms and other types as required. In the case of 
time compressed voice signals, the I and Q components 
sampled by ADC converter 870 are further processed by 

25 CPU 840 via dual port RAM 874 and I/O 828 to (1) 
amplitude expand the audio signal and (2) time-expand the 
signal as was described in the similar operation of the 
receivers of FIGS. 7 and 8. The voice is then stored again in 
RAM 87 4. The ASCII encoded or voice data is stored in the 

30 dual port RAM until the information is requested for pre
sentation by the communication receiver user. The stored 
ASCII encoded data is recovered by the user using switches 
(not shown) to select and read the stored messages. When 
the stored ASCII encoded message is to be read, the user 

35 selects the message to be read and actuates a read switch 
which enable microcomputer 906 to recover the data, and to 
present the recovered data to a display 911, such as a liquid 
crystal display. When a voice message is to be read, the user 
selects the message to be read and actuates a read switch 

40 which enables the microcomputer 906 to recover the data 
from the dual port RAM, and to present the recovered data 
to the audio processor 914 which converts the digital voice 
information into an analog voice signal which is coupled to 
a speaker 916 for presentation of the voice message to the 

45 user. The microcomputer 906 can also generate a frequency 
selection signal which is coupled to frequency synthesizer 
810 to enable the selection of different frequencies as 
previously described. 

Referring to FIG. 10, a timing diagram is shown which 
50 illustrates features of the FLEX™ coding format on out

bound signaling utilized by the radio communication system 
100 of FIG. 1, and which includes details of a control frame 
330, in accordance with the preferred embodiment of the 
present invention. Control frames are also classified as 

55 digital frames. The signaling protocol is subdivided into 
protocol divisions, which are an hour 310, a cycle 320, 
frames 330, 430 a block 340, and a word 350. Up to fifteen 
4 minute uniquely identified cycles are transmitted in each 
hour 310. Normally, all fifteen cycles 320 are transmitted 

60 each hour. Up to one hundred twenty eight 1.875 second 
uniquely identified frames including digital frames 330 and 
analog frames 430 are transmitted in each of the cycles 320. 
Normally, all one hundred twenty eight frames are trans
mitted. One synchronization and Frame Information signal 

65 331 lasting one hundred fifteen milliseconds and 11 one 
hundred sixty millisecond uniquely identified blocks 340 are 
transmitted in each of the control frames 330. Bit rates of 
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3200 bits per second (bps) or 6400 bps are preferably used 
during each control frame 330. The bit rate during each 
control frame 330 is communicated to the selective call 
radios 106 during the synchronization signal 331. When the 
bit rate is 3200 bps, 16 uniquely identified 32 bit words are 
included in each block 340, as shown in FIG. 10. When the 
bit rate is 6400 bps 32 uniquely identified 32 bit words are 
included in each block 340 (not shown). In each word, at 
least 11 bits are used for error detection and correction, and 
21 bits or less are used for information, in a manner well 10 
known to one of ordinary skill in the art. The bits and words 
350 in each block 340 are transmitted in an interleaved 
fashion using techniques well known to one of ordinary skill 
in the art to improve the error correction capability of the 
protocol. 15 

Information is included in each control frame 330 in 
infonnation fields, comprising Frame structure information 
in a block information field (BI) 332, one or more selective 
call addresses in an address field (AF) 333, and one or more 
vectors in a vector field (VF) 334. The vector field 334 starts 20 

at a vector boundary 334. Each vector in the vector field 334 
corresponds to one of the addresses in the address field 333. 
The boundaries of the information fields 332, 333, 334 are 
defined by block information field 332. Information fields 
332, 333, 334 are variable, depending on factors such as the 25 

type of system information included in the sync and frame 
information field 331 and the number of addresses included 
in the address field 333, and the number and type of vectors 
included in the vector field 334. 

Referring to FIG. 11, a timing diagram is shown which 30 

illustrates features of the transmission format of the out
bound signaling protocol utilized by the radio communica
tion system of FIG. 1, and which includes details of a voice 
frame 430, in accordance with the preferred embodiment of 
the present invention. Voice frames are also classified herein 35 

as analog frames. The durations of the protocol divisions 
hour 310, cycle 320, and frame 330, 430 are identical to 
those described with respect to a control frame in FIG. 10. 
Each analog frame 430 has a header portion 435 and an 
analog portion 440. The information in the synchronization 40 

and frame information signal 331 is the same as the syn
chronization signal 331 in a control frame 330. As described 
above, the header portion 435 is frequency modulated and 
the analog portion 440 of the frame 430, is amplitude 
modulated. A transition portion 444 exists between the 45 

header portion 435 and analog portion 440. In accordance 
with the preferred embodiment of the present invention, the 
transition portion includes amplitude modulated pilot sub
carriers for up to three subchannels 441, 442, 443. The 
analog portion 440 illustrates the three subchannels 441, 50 

442, 443 which are transmitted simultaneously, and each 
subchannel includes an upper sideband signal 401 and a 
lower sideband signal 402 ( or alternatively, an in-phase and 
a quadrature signal). In the example illustrated in FIG. 11, 
the upper sideband signal 401 includes one message frag- 55 

ment 415, which is a first fragment of a first analog message. 
Included in the lower sideband 402 are four quality assess
ment signals 420, 422, 424, 426, four message segments 
410, 412, 416, 418, and one segment 414 (unused in this 
example). The two segments 410, 412 are segments of a 60 
second fragment of the first analog message. The two 
segments 416, 418 are segments of a first fragment of a 
second analog message. The first and second analog mes
sages are compressed voice signals which have been frag
mented for inclusion in the first subchannel 441 of frame one 65 
430 of cycle 2 of 320. The second fragment of the first 
message and the first fragment of the second message are 

18 
each split to include a quality assessment signal 420, 426, 
which are repeated at predetermined positions in the lower 
sideband 402 of each of the three subchannels 441, 442, 443. 
The smallest segment of message included in an analog 
frame is defined as a voice increment 450, of which 88 are 
uniquely identified in each analog portion 440 of an analog 
frame 430. The quality assessments signals are preferably 
transmitted as unmodulated subcarrier pilot signals, are 
preferably one voke increment in duration, and preferably 
have a separation of no more than 420 milliseconds within 
an analog portion of a frame. It will be appreciated that more 
than one message fragment could occur between two quality 
assessment signals, and that message fragments are typically 
of varying integral lengths of voice increments. 

Referring to FIG. U, a timing diagram illustrating a 
control frame 330 and two analog frames of the outbound 
signaling protocol utilized by the radio communication 
system of FIG. 1 is shown, in accordance with the preferred 
embodiment of the present invention. The diagram of FIG. 
12 shows an example of a frame zero (FIG. 10) which is a 
control frame 330. Four addresses 510, 511, 512, 513 and 
four vectors 520, 521, 522, 523 are illustrated. 1\vo 
addresses 510, 511 include one selective call radio 106 
address, while the other two addresses 512, 513 are for a 
second and third selective call radio 106. Each address 510, 
511, 512, 513 is uniquely associated with one of the vectors 
520, 521, 522, and 523 by inclusion of a pointer within each 
address which indicates the protocol position of (i.e., where 
the vector starts and how long it is) the associated vector. 

In the example shown in FIG. 12, vectors 520, 521, 522, 
523 are also uniquely associated with a message portion in 
one of the subchannels. Specifically, vector 520 can point to 
an upper sideband of subchannel 441 (see FIG. 11) and 
vector 522 can point to a lower sideband of subchannel 441. 
Similarly, vector 521 can point to both sidebands of sub
channel 442. That is, in . the case of subchannel 441, the 
example can show that two different message portions are 
carried by the upper and lower sidebands. In the case of 
subchannel 442, two halves of one message portion are 
carried by the upper and lower sidebands respectively. Thus, 
the vectors preferably include information therein to indicate 
which subchannel (i.e., which radio frequency) the receiver 
should look for a message, and also information to indicate 
whether two separate messages are to be recovered from the 
subchannel, or whether first and second halves of a single 
message are to be recovered. 

One use for the embodiment where two different mes
sages are simultaneously transmitted over upper and lower 
sidebands (or I and Q channels), respectively, is where one 
message is a direct voice paging message, and the other is 
a voice mailbox message, which is to be stored in the pager. 

In accordance with the preferred embodiment of the 
present invention the vector position is Jll'OVided by identi
fying the number of words 350 after the vector boundary 335 
at which the vector starts, and the length of the vector, in 
words. It will be appreciated that the relative positions of the 
addresses and vectors are independent for each other. The 
relationships are illustrated by the arrows. Each vector 520, 
521, 522, 523 is uniquely associated with a message frag
ment 550, 551, 552, 553 by inclusion of a pointer within 
each vector which indicates the protocol position of (i.e., 
where the fragment starts and how long it is) the associated 
vector. In accordance with the preferred embodiment of the 
present invention the message fragment position is provided 
by identifying the frame 430 number (from 1 to 127), the 
subchannel 441, 442, 443 number (from one to three), the 
sideband 401, 402, ( or I or Q) and the voice increment 450 
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where the message fragment starts, and the length of the 
message fragment, in terms of voice increments 450. For 
example, vector three 522 includes information which indi
cates that message two, fragment one 552, which is intended 
for selective call transceiver 106 having selective call 
address 512, is located starting at voice increment forty six 
450 (the voice increments 450 are not identified in FIG. 12) 

20 
input speech signals are appropriately digitized and stored, 
FIG. 13 illustrates the first iteration of the WSOLA method 
on an uncompressed speech input signal. The WSOLA 
method requires a time scale factor of a (which we assume 
is equal to 2 for this example, where if a> 1 we have 
compression and if a<l we have expansion) and an arbitrary 
analysis segment size (Ss) which is independent of the input 
speech characteristics, and in particular, independent of 
pitch. An overlap segment size So is computed as 0.5*Ss and 

of frame one 560, and vector thirteen 523 includes infor
mation which indicates that message nine fragment one 553, 
which is intended for selective call transceiver 106 having 
selective call address 513, is located starting at voice incre
ment zero 450 (the voice increments 450 are not shown in 
FIG. 12) of frame five 561. 

It will be appreciated that, while voice signals are 
described in accordance with the preferred embodiment of 
the present invention, other analog signals, such as modem 
signals or dual tone multifrequency (DTMF) signals, can 
alternatively be accommodated by the present invention. It 
should also be appreciated that the block information used in 
the frame structure previously described can be used to 
implement further enhancements that would allow for 
greater overall throughput in a communication system and 
allow for additional features. For instance, a message sent to 

10 
is fixed in WSOLA. The first Ss samples are copied directly 
to the output as shown in FIG. 14. Let the index of the last 
sample in the output be 1,-i_. An overlap index 0 1 is deter
mined as Ss/2 samples from the end of the last available 
sample in the output. Now the samples which would be 
overlap added are between 0 1 and I_,i. Search index (S 1) is 

15 determined as a*O1. After an initial portion of the input 
signal is copied into the output, a determination is made of 
the moving window of samples from the input. The window 
is determined around the search index S1• Let the beginning 
of the window be S;-L</#'sn and the end be S;+H.,_,_. In the 

20 first iteration, i=l. Within the window, the best correlating 
So samples are determined using a Normalized Cross
Correlation equation given by: 

a portable voice unit can request that an acknowledgment 
signal sent back to the system include information that 25 

would identify the transmitter it was receiving its messages 
from. Thus, frequency reuse in a simulcast system can be 
achieved in this way by transmitting messages to the given 
portable voice unit using the one transmitter required to 
reach the portable voice unit. Additionally, once the system 30 

knows the location of the portable voice unit, implementing 
target messaging logically follows. 

In another aspect of the present invention, the time
scaling technique, previously described as WSOLA has 
some existing disadvantages when used in conjunction with 35 

the present invention. Thus, a technique was developed that 
modifies WSOLA to become speaker dependent and appr<>
ina,tely named "WSOLA-SD". To further understand our 
modification of WSOLA to form WSOLA-SD, a brief 
description of WSOLA follows. 40 

A technique called Waveform similarity based Overlap
Add technique (WSOLA) can achieve high-quality time
scale modification compared to other techniques and is also 
much simpler than other methods. When used to speed up or 45 
slow down speech, the quality of speech is not very good 
even with the WSOLA technique. The reconstructed speech 
contains a lot of artifacts like echoes. metallic sounds and 
reverberations in the background. This aspect of the present 
invention describes several enhancements to overcome this 

50 
p-oblem and minimize the artifacts present. Many param
eters in the WSOLA algorithm have to be optimized to 
achieve the best quality possible for a given speaker and 
required compression/expansion or time-scaling factor. This 
aspect of the invention deals with determining those param- 55 
eters and how to incorporate them in compression/expansion 
or time-scaling of speech signals with improvement in the 
quality of the recovered speech or voice signal. 

The WSOLA Algorithm: Let x(n) be the input speech 
signal to be modified, y(n) the time-scale modified signal 60 

and a be the time-scaling parameter. If a is less than 1 then 
the speech signal is expanded in time. If a is greater than 1 
then the speech signal is compressed in time. 

Referring to FIGS. 13-17, timing diagrams for several 
iterations of the WSOLA time-scaling (compression) 65 
method is shown for comparison to the preferred method of 
WSOLA-SD of the present invention. Assuming that the 

j=So 
.~ x(S;+k+J)y(_O;+J) 

R(k)=---"--'---------
112

-

[ ~o il{S;+k+ J)fr;_o f{O;+J)] 
j={J j={J 

where 

k= S,-L0.,._,, S1 + HoJfut 

The lag k=m for which the normalized R(k) is maximum is 
determined. The best index Bi is given by Si+m. Note that 
other schemes like Average Magnitude Difference Function 
(AMDF) and other correlation functions can be used to find 
the best matching waveform. The So samples beginning at 
Bl are then multiplied by an increasing ramp function 
(although other weighting functions could be used) and 
added to the last So samples in the output. Prior to the 
addition, the So samples in the output are multiplied by a 
decreasing ramp function (although other weighting func
tions could be used here as well). The resulting samples of 
the addition will replace the last So samples in the input. 
Finally, the next So samples which immediately follow the 
prior best matching So samples are then copied to the end of 
the output for use in the next iteration. This would be the end 
of the first iteration in WSOLA. 

Referring to FIGS. 15 and 16 for the next iteration, we 
need to compute a new overlap index 0 2 , similarly to Oi
Likewise, a new search index S2 and corresponding search 
window is determined as was done in the previous iteration. 
Once again, within the search window, the best correlating 
So samples are determined using the cross-correlation equa
tion previously described above, where the beginning of the 
best samples determined is B2 • The So samples beginning at 
Bl are then multiplied by an increasing ramp function and 
added to the last So samples in the output. Prior to the 
addition, the So samples in the output are multiplied by a 
decreasing ramp function. The resulting samples of the 
addition will replace the last So samples in the input. Finally, 
the next So samples which immediately follow the prior best 
matching So samples are then copied to the end of the output 
for use in the next iteration, where future ith iterations would 
have an overlap index O;, a Search index S;, last sample in 
output I_,,, and a best index B;. 

FIG. 17 shows the resultant output from the previous two 
iterations described with reference to FIGS. 13-16. Once 
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should note that there is no overlap in the resultant output 
signal between the two iterations. If the method were to 
continue in a similar fashion, the WSOLA method would 
time scale (compress) the entire speech signal, but there 
would never be any overlap between the results of each of 5 

the iterations. WSOLA time-scale expansion is done in a 
similar fashion. 

Several drawbacks or disadvantages of WSOLA with 
respect to the preferred method of the present invention 
(WSOLA-SD) become apparent. These drawbacks should 10 

be kept in mind as you follow the next examples of the 
WSOLA-SD method shown in FIGS. lS-23. A primary 
drawback of WSOLA includes the inability to obtain the 
optimum quality of time scaled speech because a fixed 
analysis segment size (Ss) is used for all input speech 15 

irrespective of the pitch characteristics. For instance, if the 
Ss was too large for the input speech signal, the resultant 
speech upon expansion would include echoes and reverbera
tions. Further, if the Ss is too small for the input speech 
signal, then the resultant speech upon expansion would 20 

sound raspy. 
A second significant drawback of WSOLA results when 

compression rates (a) are greater than 2. In such instances, 
the separation of the moving window between iterations 
may cause the method to skip significant input speech 25 

components, thereby seriously affecting the intelligibility of 
the resultant output speech. Increasing the size of the mov
ing windows to compensate for the non-overlapping search 
windows during iterations causes further skipping of some 
input speech as a result of the cross-correlation function and 30 

further causes variable time-scaling that noticeably affects 
the resultant output speech. 

A third drawback of the WSOLA method involves its 
failure to provide a designer or user the flexibility (for a 
given time-scaling factor (a)) with respect to quality of 35 

speech and complexity of computation for a given system 
having given restraints. This is particularly apparent because 
the degree of overlap (f) is fixed at 0.5 in the WSOLA 
method. Thus, in an application that requires high quality 
speech reproduction, assuming adequate processing power 40 

and memory, the WSOLA-SD method of the present inven
tion can use a higher degree of overlap at the expense of 
added computational complexity to provide higher quality 
speech reproduction. On the other hand, in an application 
that is limited by Jiocessing power, memory or other 45 

constraints., the degree of overlap can be lowered in 
WSOLA-SD so that the quality of speech is sacrificed only 
to the extent desired, taking into account the particular 
application constraints at hand. 

22 
by Oppenheim & Schaefer. For example, assuming 2 sec
onds worth of an input speech is sampled at 8 kHz, where 
the signal has significant frequency components between 0 
and 4000 Hz. Assuming the input speech signal is time-scale 
compressed by a factor of 2. The resultant signal would have 
a length of 1 second, but would still have significant 
frequency components between O and 4000 Hertz. The 
signal is interpolated (See Oppenheim & Schaefer) by a 
factor of a=2. This would result in a signal which is 2 
seconds long, but with frequency component between O and 
2000 Hertz. Returning to the time scale domain can be 
achieved by decimating the frequency compressed signal by 
a factor of a.=2 to obtain the original time scaled speech 
(frequency components between 0-4000 Hertz) without any 
loss of information content. 

Referring to FIGS. lS-22, timing diagrams for several 
iterations of the WSOLA-SD time-scaling (compression) 
method is shown in accordance with the present invention. 
Assuming that the input speech signals are appropriately 
digitized and stored, FIG. 18 illustrates the first iteration of 
the WSOLA-SD method on an uncompressed speech input 
signal. The WSOLA-SD method also requires the determi
nation of an approximate pitch period of the voiced portions 
of the input speech signal. A brief description of the pitch 
determination and how the segment size is obtained from it 
is given below. 

1) Frame input speech into 20 ms blocks. 
2) Compute energy in each block. 
3) Compute average energy per block. 
4) Determine energy threshold to detect voiced speech as a 

function of the average energy per block. 
5) Using the energy threshold determine contiguous blocks 

of voiced speech of a length of at least 5 blocks. 
6) On each block of the contiguous voice speech found in 

step 5, do a pitch analysis. This could be done using a 
variety of methods including Modified Auto correlation 
method, AMDF or Clipped auto correlation method. 

7) The pitch values are smoothened using a median filter to 
eliminate errors in the estimation. 

8) Average all the smoothened pitch values to obtain an 
approximate estimate of the speaker's pitch 

9) Thus, the Segment size Ss computation is given below. 

If pitch P greater than 60 samples Ss=2*Pitch 
If pitch Pis between 40 and 60 samples SS=120 
If P less than 40 samples Ss=lOO 
A sampling rate of 8 Khz is assumed in all cases above. 

A critical factor that provides WSOLA-SD with the advan
tages that overcomes some of the drawbacks previously 
described above in the description of WSOLA is the degree 
of overlap f. If the degree of overlap f in WSOLA-SD is 
greater than 0.5, then this provides higher quality at the 
expense of more complexity. If the degree of overlap f in 
WSOLA-SD is less than 0.5, then this reduces complexity of 
the algorithm at the expense of quality. Thus, the user has 
more flexibility and control in design and use of their 
particular application. 

Again, referring to FIGS. lS-23, the WSOLA-SD method 

FIG. 25 illustrates an overall block diagram of WSOLA- 50 

SD method. In this block diagram Ss, f and a are computed 
depending on whether we are compressing or expanding 
speech. This WSOLA-SD algorithm provides great 
improvement in the quality of reconstructed speech over 
WSOLA alone. The WSOLA-SD method is speaker 55 
dependent, particularly to the pitch of a particular speaker. 
Thus, a pitch determination 12 is done before an analysis 
segment sized is determined (14). For a given f and a (which 
can be modified dependent upon the pitch determination 12, 
Jioviding a modified alpha (H)), WSOLA-SD time scales 
(18) the speech. The time-scaling can either be expansion or 
compression of the input signal. Alternatively, frequency
scaled signal can be obtained by interpolating the time
scaled signal by a factor of a if a> 1 or by decimating the 
time-scaled signal by a factor of 1/a if a<l. Inte.rpolation 65 

and decimation are well known techniques in digital signal 
processing as described in Discrete rrme Signal Processing 

60 requires a time scale factor of a (which we assume is equal 
to 2 for this example, where if a> 1 we have compression 
and if a<l we have expansion) and an analysis segment size 
(Ss) which is optimized to the input speech characteristics, 
namely the pitch of the speaker. An overlap segment size So 
is computed as f*Ss and is fixed in WSOLA-SD for a given 
pitch period and f. In the example shown, f is greater than 
0.5, to show higher quality resultant output speech. The first 
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Ss samples are copied directly to the output. Let the index 
of the last sample be I,,. An overlap index 0 1 is determined 
as So samples from tne end of the last available sample in 
the output. Now the samples which would be overlap added 
are between 0 1 and~ as shown in FIG. 19. The first search 
index (S1) is detenmned as a*O1 as seen in FIG. 18. After 
an initial portion of the input signal is copied into the output, 

24 
Further improvement is obtained by dynamically adapting 

the segment size Ss in the WSOLA-SD algorithm with the 
pitch of the segment at that instant. This is done by a 
modification of the scheme explained previously. If we use 
a short segment size of SS=lOO(sampling rate 8 Khz is 
assumed) for unvoiced speech sounds their quality is 
improved and for voiced speech the segment size will be 
Ss=2*Pitch. Also a few changes are necessary to determine 
whether the speech segment is voiced or unvoiced. The 

10 method with these changes is described below. 

a determination is made as to the location of the moving 
window of samples from the input speech signal. The 
window is determined around or about the search index S1• 

Within the window, the best correlating So samples are 
determined using the cross-correlation equation previously 
described above, where the beginning of the best samples 
determined is B 1• The So samples beginning at Bl are then 
multiplied by an increasing ramp function (although other 
weighting functions could be used) and added to the last So 15 

samples in the output. Prior to the addition, the So samples 
in the output are multiplied by a decreasing ramp function. 
The resulting samples of the addition will replace the last So 
samples in the input. Finally, the next Ss-So samples which 
immediately follow the prior best matching So samples are 20 

then copied to the end of the output for use in the next 
iteration. This would be the end of the first iteration in 
WSOLA-SD. 

Referring to FIGS. 20 and 21 for the next iteration, we 
need to compute a new overlap index 0 2, similarly to 0 1• 25 

Likewise, a new search index S2 and corresponding search 
window is determined as done in the previous iteration. 
Once again, within the search window, the best correlating 
So samples are determined using the cross-correlation equa
tion previously described above, where the beginning of the 30 

best samples determined is B2• The So samples beginning at 
B2 are then multiplied by an increasing ramp function and 
added to the last So samples in the output. Prior to the 
addition, the So samples in the output are multiplied by a 
decreasing ramp function. The resulting samples of the 35 

addition will replace the last So samples in the input. Finally, 
the next Ss-So samples which immediately follow the prior 
best matching So samples are then copied to the end of the 
output for use in the next iteration. 

FIG. 22 shows a resultant output signal from two itera- 40 

tions using the WSOLA-SD method. Note that there is a 
region of overlap (Ss-So) in the resultant output signal 
which insures increased intelligibility and prevents the 
method from skipping critical input speech components as 
compared to the WSOLA method. 45 

Referring to FIGS. 23 and 24, an i"' iteration of an 
example input timing diagram and output timing diagram for 
time-scale expansion using the WSOLA-SD method is 
shown in accordance with the present invention. The method 
for expansion essentially functions similarly to the examples 50 

shown in FIGS. lS-22 except that O;, the overlap index, 
moves faster than the S;, the Search index. To be exact, O; 
moves a times faster than S; during expansion. The analysis 
segment size Ss is dependent on the pitch period of the input 
speech. The degree of overlap can range from 0 to 1, but 0.7 55 
is used for this example in FIGS. 23 and 24. The time scaling 
factor a, in this instance, will be the inverse of the expansion 
rate. Assuming the expansion rate was 2, then the time 
scaling factor a=0.5. The overlap segment size So would 
equal f*Ss or the degree of overlap times the analysis 60 

segment size. Thus, after several iterations of overlap adding 
and using an increasing ramp function on each best match
ing input segment and using a decreasing ramp function on 
each output overlap segment, prior to the addition, the input 
speech signal is expanded as the output speech signal that 65 

maintains all the advantages of WSOLA-SD as previously 
described. 

1) Frame input speech into 20 ms blocks. 
2) Compute energy in each block. 
3) Compute number of zero-crossings in each block. 
4) Compute average energy per block. 
5) Determine energy threshold to detect voiced speech as a 

function of the average energy per block. 
5) Using the energy threshold and zero-crossing threshold 

determine,contiguous blocks of voiced speech of length 
of at least 5 blocks. 

6) Do pitch analysis on all the voiced segments and deter
mine the average pitch in each of those voiced segments. 
This could be done using a variety of methods including 
Modified Auto correlation method, AMDF or Clipped 
auto correlation method. 

7) The segments that are not marked as Voiced speech are 
now marked as tentative unvoiced segments. 

8) Contiguous blocks of at least 5 frames in the 'tentative 
unvoiced segments' are taken and pitch analysis is done. 
The ratio of the maximum to minimum correlation coef
ficient is determined. If the ratio is large then the segment 
is classified as Unvoiced or if it is small these segments 
are marked as voiced and average pitch of those segments 
are determined along with the start and ending of the 
speech segment. 

9) Segment size Ss for each of these classified speech 
segments are determined as follows. 

If Voiced Ss=2*Pitch 
If Unvoiced SS=lO0 (Sampling rate of 8 Khz is assumed) 

10) Now WSOLA-SD method of time-scaling is done, but 
with a varying segment size. Here the position of the input 
speech segment used in the processing at each time instant 
is determined. Depending on its position, the segment 
sizes Ss already determined is used in the processing. 
Using this technique results in a higher quality time
scaled speech signal. 

If WSOLA-SD is used to do both compression and then 
a subsequent expansion on the same speech input signal as 
in the case of our communication system, the quality of the 
reconstructed speech signal can be further improved for a 
given average time-scale factors using several techniques. 

From perceptual tests, it can be seen that a speech signal 
which has a higher fundamental frequency (lower pitch 
period) can be compressed more for a given speech quality 
as compared to a speech signal which has a lower funda
mental frequency (higher pitch period). For instance, chil
dren and female speakers will on average have a higher 
fundamental frequency. Thus, their speech can be 
compressed/expanded by 10% more without noticeably 
affecting the quality of their speech. Whereas male speakers 
who have speech on average with a lower fundamental 
frequency, can have their speech compressed/expanded by 
10% less. Thus, in a typical communication system having 
roughly equal number of speakers having higher and lower 
fundamental frequencies, an overall improved quality in the 
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reproduction of speech is obtained with the same 
compression/expansion (time-scaling) factor as before. 

Another characteristic of expansion and compression 
using this technique leads to further enhancements. For 
instance, it was noticed that most of the artifacts in the 
speech are produced during the time-scale expansion of the 
speech signal. The more the speech signal is expanded the 
more the artifacts. It was also observed that if the speech 
signal is played back a little faster (less than 10%) than the 
original speech, the change in speed is hardly noticeable, but 10 

with a noticeable reduction in artifacts. This property helps 
expand the speech signal with a smaller expansion factor 
and thus reduce the artifacts and improve its quality. For 
example, if the input speech is compressed by a time-scaling 
factor of 3, then during expansion it would be expanded by 15 

a factor of 2.7, which means that the speech will be played 
faster by 10%. Since this change in speech rate will not be 
noticeable and reduces artifacts, it should be implemented in 
the method of the present invention in applications where 
the accuracy of the speech is not absolutely critical. 20 

What is claimed is: 
1. A method for compressing a plurality of voice signals 

within a voice communication resource having a given 
bandwidth within a voice communication system, compris
ing the steps of: 

(a) subchanneling the voice communication resource into 
a plurality of subchannels and simultaneously placing a 
pair of the plurality of voice signals on a subchannel; 

25 

(b) modulating the pair of the plurality of voice signals 
about a pilot signal within the subchannel within the 30 

voice communication resource using single sideband 
modulation; and 

(c) compressing the time of each of the voice signals 
within the plurality of subchannels, wherein the result 

35 
of steps (a), (b), and (c) provides a compressed voice 
signal. 

2. The method of claim 1, wherein the step of subchan
neling further comprises the step of using quadrature ampli-
tude modulation. 

40 
3. The method of claim 1, wherein the step of compress

ing the time of each of the voice signals further comprises 
the step using time-scale compression on the voice signals. 

26 
(c) compressing the time of each of the voice signals 

within the plurality of subchannels, wherein the result 
of steps (a), (b), and (c) provides a compressed voice 
signal for transmission via a transmitter. 

8. The method of claim 7, wherein the method further 
comprises the step at the transmitter of transmitting the 
compressed voice signal to a plurality of selective call 
receivers. 

9. The method of claim 7, wherein the method further 
comprises the step of receiving the compressed voice signal 
and demodulating the compressed bandwidth signals at one 
of the the plurality of selective call receivers. 

10. A communication system using voice compression 
having at least one transmitter base station and a plurality of 
selective call receivers, comprising: 

at the transmitter base station: 
an input device for receiving an audio signal; 
a processing device for compressing the audio signal 

using time-scale compression and a single side band 
modulation technique to provide a processed signal; 
and 

a pilot carrier signal generator that generates a pilot 
carrier for a pair of single side band signals which 
includes the processed signal, wherein the pilot carrier 
serves as an amplitude and phase reference for distor
tion that occurs as a result of channel aberrations; and 

a transmitter for transmitting the processed signal; 
at each of the plurality of selective call receivers: 
a selective call receiver for receiving the transmitted 

processed signal; 
a receiver circuit for detecting, filtering and responding to 

the amplitude and phase reference generated by the 
pilot carrier signal generator; 

a processing device for demodulating the received pro
cessed signal using single side band demodulation and 
time-scale expansion to provide a reconstructed signal; 
and 

an amplifier for amplifying the reconstructed signal into 
an reconstructed audio signal. 

11. The communication system of claim 10, wherein the 
single sideband modulation technique provides for the trans
mission of a single message split between an upper sideband 
and a lower sideband. 4. The method of claim 1, wherein the step of compress

ing the time of each of the voice signals further comprises 
the step of using Waveform Similarity based Overlap-Add 
(WSOLA) time compression on the voice signals. 

45 
12. The communication system of claim 10, wherein the 

single sideband modulation technique provides for the trans
mission of a single message repeated on an upper sideband 
and lower sideband. 5. The method of claim 1, wherein the step of compress

ing the time of each of the voice signals further comprises 
the speaker dependent steps of identifying pitch periods 

50 
within each of the voice signals and transmitting data from 
one pitch period to alter a time-scaling factor. 

6. The method of claim 1, wherein the step of compress
ing the time of each of the voice signals comprises the step 
of using a speaker dependent modification of the Waveform 

55 
Similarity based Overlap-Add (WSOLA) time compression 
technique on the voice signals. 

7. A method for compressing a plurality of voice signals 
within a voice communication resource within a voice 
communication system, comprising the steps of: 

(a) subchanneling the voice communication resource into 
a plurality of subchannels and simultaneously placing a 
pair of the plurality of voice signals on a subchannel; 

60 

(b) modulating the pair of the plurality of voice signals 
about a pilot signal within the subchannel within the 65 

voice communication resource using single sideband 
modulation; and 

13. A selective call receiver for receiving compressed 
voice signals, comprising: 

a selective call receiver for receiving a transmitted pro
cessed signal that includes compressed voice signals 
that have been compressed using time-scale compres
sion; 

a processing device for demodulating the received pro-
cessed signal, wherein said processing device demodu
lates both and upper and a lower sideband of a 
subchannel, the upper and lower sidebands having 
independent information therein, and wherein said pro-
cessing device uses time-scale expansion to provide a 
reconstructed signal; 

a receiver circuit for detecting, filtering and responding to 
the amplitude and phase reference generated by a pilot 
carrier signal generator in a transmitter at a base 
station; and 

an amplifier for amplifying the reconstructed signal into 
an reconstructed audio signal. 
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14. A selective call paging base station for transmitting 
selective call signals on a communication resource having a 
predetermined bandwidth, comprising: 

an input device for receiving a plurality of audio signals; 

a means for subchannelizing the communication resource 
into a predetermined number of subchannels; 

an amplitude compression and filtering module for each 
subchannel for compressing the amplitude of the 
respective audio signal and filtering the respective 

10 
audio signal; 

a time compression module for compressing the time of 
the respective audio signal for each subchannel; and 

a quadrature amplitude modulation transmitter for trans-
mitting the processed signal. 15 

15. The selective call paging base station of claim 14, 
wherein the input device for receiving a plurality of audio 
signals, comprises a paging terminal for receiving phone 
messages or data messages from a computing device. 

16. The selective call paging base station of claim 14, 20 

wherein the amplitude compression and filtering module 
comprises an anti-alias filter coupled to an analog-to-digital 
converter coupled to a band-pass filter coupled to an auto
matic gain controller and clipper circuit. 

17. The selective call paging base station of claim 14, 25 

wherein the time compression module comprises a process
ing device for compressing the audio signal using a time
scale compression technique. 

18. The selective call paging base station of claim 14, 
wherein the time compression module comprises a process- 30 

ing device for compressing the audio signal using a WSOLA 
time compression technique. · 

19. A selective call receiver unit forreceiving compressed 
voice selective call signals, comprising: 

28 
a receiver having a analog to digital converter for pro

viding a digitized received signal; 

a digital signal processor for performing single sideband 
demodulation of a subchannel having a pilot carrier and 
independent information on an upper and a lower 
sideband of a subchannel, wherein the digital signal 
processor also performs the functions of filtering the 
pilot carrier, performing automatic gain control using a 
feedforward loop, and decompanding the digitized 
received signal to provide a processed signal; and 

a digital to analog converter and reconstruction filter for 
converting the processed signal into a digitized audio 
signal; and 

an amplifier for amplifying the digitized audio signal. 
20. A communication base station, comprising: 

a terminal for receiving an audio speech signal; 

an analog to digital converter for converting the audio 
speech signal into a digitized speech signal; 

a digital signal processor for processing the digitized 
speech signal by performing the function of splitting 
the digitized speech signal and at least one of the 
functions of bandpass filtering, automatic gain control, 
time scaling, companding, or buffering; and 

a transmitter having at least a Hilbert transform filter 
coupled to a digital to analog converter coupled to a 
reconstruction filter coupled to a quadrature, amplitude 
modulator which is coupled to a radio frequency power 
amplifier. 

* * * * * 
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Sunll Satyamurti 

VOICE COMPRESSION METHOD AND APPARATUS IN A 11-.1,N';> 4

COMMUNICATION SYSTEM . 

Technical field · 
This invention relates generally to voice compression 

techniques, and more particularly a method and apparatus of voice 
15 compres.slon using efficient bandwidth utilization and time 

compr~ssion techniques. 

Background 
Voice message paging is not economicaUy feasible for large 

20 paging systems with current technology. The air time required for a 
voice page is much more than that required for a tone, humeric or 
alphanumeric page.. With current technology, voice paging service 
would be economically prohibitive in comparison to tone, numeric or , 
alphanumeric paging with less than ideal voice quality reproduction. 

25 Another constraint in limiting voice message paging is the bandwidth 
and the present methods of utilizing the bandwidth of paging 
channels. In comparison, the growth of alphanumeric paging has 
been constrained by the limited access to a keyboard input device 
for sending alphanumeric messages to a paging terminal, either in 

30 the form of a personal keyboard or a cal! to an operator center. A 
voice system overcomes these entry issues since a calle.r can simply 
pick up a telephone, dial access numbers, and speak a mes.sage .. 
Further, none of the present voice paging systems. take advantage of 
Motorola's new high speed paging protocol structure, also known as 

35 FLEX™. 
Existing voice paging systems lack many of the FLEX™ 

protocol advantages including high battery saving ratios, multiple 
channel scanning capability, mixing of modes such as voice with 
data, acknowledge-back paging (al.lowing for return receipts to the 
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calling party), location finding capability, system and frequency 

reuse, particularly in large metropolitan areas, and range extension 
through selective re-transmission of missed message portions. 

With respect fo the aspect of paging involving time-scaling of 
5 voice signals and to other applications such as dictation and voice 

mail, current methods of time-scaling lack the 1deal combinations of 
providing adequate speech quality and flexibility that allows a 
designer to optimize the appllcatfon within the constraints given. 
Thus, there exists a need for a voice communication system that is 

1 O economically feasible and fle.xible in allowing optimization within a 
given configuration, and more particularly with respect to paging 
applications, that further retains many of the advantages of 
Motorofa1s FLEXTM protocol. 

1 s Summary of the Invention 
In one aspect, the present invention comprises a method for 

compressing a plurality of voice signals within a voice 
communication resource havtng'a. given bandwidth within a voice 
communication system. The method comprises the steps of 

20 subchanneling the voice communication resource while placing at 
least one of each of the plurality of voice signals on a subchannel 
and compressing the time of each of the voice signals within each of 
the subchannels, wherein. these steps provide a compressed voice 
signal. 

25 In another aspect of the present invention, a communication 
system using voice compression has at I.east one transmitter base 
station and a plurality of selective call receivers. The transmitter 
base station comprises an Input device for receiving an audio signal, 
a processing device for compressing the audio signal using a tlme-

30 $Cale compression technique and a single side band modulation 
technique to provide a processed signal and a quadrature amplitude 
modulator for the subsequenJ transmission of the processed signal. 
Each of the plurality of selective call receivers comprises a. selecthte 
call receiver module for receiving the transmitted processed signal, a 

35 processing device for demodulating the received processed signal 
using a Single side band demodulation technique and a time-scale 
expansion technique to provide a reconstructed signal, and an 
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amplifier fo(amplifying the reconstructed signal into an 
reconstructed audio signal. 

In another aspect of the present invention, a selective call 
receiver for receiving compressed voice signals, comprises a 

5 selective call receiver module for receiving a transmitted processed 
signa.h a processing device for demodulating the received 
processed signal using a .single side band demodulation technique 
and a time-scale expansion technique to provide a reconstructed 
signal, and an amplifier for amplifying the reconstructed signal into 

1 O an reconstructed audio signal. 
In yet another aspect of the present invention, a paging base 

station for transmitting selectiVe call signals on a communication 
resource having a predetermined bandwidth, comprises, an input 
device for receiving a plurality of audio signals, a device for 

15 subchannelizing the communication resource into a predetermined 
number of subchannels, an amplitude compression and filtering 
module for each subchannel for compressing the amplitude of the 
respective audio signal and filtering the respective audio signal, a 
time compression module for compression of the time of the 

20 respective audio signal for each subchannel, and a quadrature 
amplitude modulator for the subsequent transmission of the 
processed signal. 

Brief Dgscrlpt1on of the Drawings 
25 FIG. 1 is a block diagram of a voice communication system in 

a.ceordance with the present invention. 
FIG. 2 is a block diagram of a base station transmitter in 

accordance with the present invention. 
FIG. 3 is an expanded electrical block diagram of the base 

30 station transmitter iO accordance with the present invention., 
FIG. 4 ls an expanded electrical block diagram of another base 

station transmitter in accordance with the present invention. 
FIG. 5 is block diagram of a speech processing, encoding., and 

modulation portion of a base station transmitter in accordance with 
35 the present invention. 

FIG.6 is a spectrum analyzer output of a 6 sihgle-sideband 
signal transmitter in accordance with the present invention. 
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FIG. 7,. is an expanded electrical block diagram of a selective 
call receiver in accordance with the pres~nt invention. 

FIG •. 8 is an expand'='d electrical block diagram of another 
selective call receiver in accordance with present invention. 

s FlG. 9 is an e~panded electrical block diagram of another 
selective call receiver in accordance with present invention. 

FIG. 1 0 is a timing diagram showing the transmission format of 
an outbound signaling ptotocol In accordance with the present 
invention. 

1 o FIG. 11 is another timing diagram showing the transmission 
format of an outbound signaling protocol including details of a voice 
frame in accordance with the present invention. 

FIG. 12 is another tirnlng diagram illustrating a control frame 
and two analo.g frames of the outbound signaling protocol in 

15 accordance with the present Invention. 
FIGs. 13-17 illustrate timlng diagrams for several iterations of 

the WSOLA time-scaling (compression) method in accordance with 
the present invention. 

FIGs. 18-22 i.llustrate timing diagrams for several iterations of 
20 the WSOLA-SD time-scaling (compres.sion) method in accordance 

with the present invention. 
FIGS. 23-24 illustrate tirning diagrams for iterations of the 

WSOLA•SD time-scaling (expansi.on) method in accordance with the 
present Invention. 

25 FIG. 25 illustrates a block diagram of the overall WSOLA-SD 
time scaling rnethod in accordance. with the present invention. 

Detailed Description of the Preferred Embodiment 
Referring to FIG. 1, a communication system illustrative of the 

30 volce compression and expansion,,techniques of the present1 

invention are shown in a block diagram of the selective call system 
100 which comprises an input device for receiving an audio signal 
such as telephone 114 (or other input device such as a computer) 
from which voice based selective calls are initiated for transmission 

35 to selective call receivers in the system 100. Each selective call 
entered through the telephone 114 typically comprises (a) a receiver 
address of at least one of the selective call receivers in the system 



IPR2020-00033 Page 00193

PT00600U 

5 

and (b) a voice message. The initiated selective calfs are typicalfy 
provided to a transmitter base station or a selective call terminal 113 
for formatting and queuing. Voice compression circuitry 101 of the 
terminal 113 serve~, to compress. the time length of the provided 

5 volce message {the detailed operation of such voice compression 
circuitry 101 is discussed in the following description of FIGs. 2, 3 
and 4). Preferably. the voice compression circuitry 101 includes a 
processing device for compressing the audio signal using atime-
soaling technique and a single .Sideband modulation technique to 

1 O provide a processed signal. The selective call is then input to the 
selective ca.II transmitter 102 where it ls applied as modulation to a 
radio frequency signal which is sent over the air through an antenna 
103. Preferably, the transmitter is a quadrature amplitude 
modulation transmitter for transmitting the processed signal. 

15 An antenna 104 within a selective ca:ll receiver 112 receives the 
modulated, transmitted radio frequency signal and inputs it to a 
selective call receiver module or radio frequency receiver module 
105 for receiving the processed signal or radio frequency signal, 
where the radio frequency signal is demodulated and the receiver 

20 address and the compressed voice message modulation are 
recovered. The compressed voice message is then provided to an 
analog to digital converter (A/DJ 115.. Preferably, the selective call 
receiver 112 includes a processing device for demodulating the 
received processed signal using a sing.le sideband demodulation 

25 technique and a. time--soaHng expansion technique to provide a 
reconstructed .signal. The compressed voice message is then 
provided to a voice expansion circuit 106 where the time length of 
the voice message is preferably expanded to the desired value (the 
detailed operation of such voice expansion circuitry 106 use9 in the 

30 present invention is discussed in the following description of Ff Gs. 7 
and 8). The voice message is then provided to an amplifier such as 
audio amplifier 108 for the purpose of amplifying it to a reconstructed 
audio signal. 

The demodulated receiver address Is supplied from the radio 
35 frequency receiver 105 to a decoder to7. If the receiver address 

matches any of the receiver addresses stored in the decoder 107, an 
alert 111 is optionally activated, providing a brief sensory Indication 
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to the user of the selective calf recefver 112 that a selective call has 

been received. The brief sensory indication may comprise an 
audible signal, a tactile signal such as a vibration,. or a Visual signal 
such as a light, or ~·· combination thereof. The amplified voice 

5 message is then furnished from the audio amplifier 108 to an audio 
loudspeaker within the alert 111 for message announcement and 
review by .the user. 

The decoder 107 may comprise a memory in which the 
received voice messages can be stored and recalf.ed repeatedly for 

1 O review by actuation of one or more controls 110. 
In another aspect of the invention, portions of FIG. 1 can be 

equally interpreted as.part of a dictation device, voice mail system, 
answering machine, or sound track editing device for example. By 
removing the wireless aspects of the system 100 including the 

15 removal of selective call transmitter 102 and radio frequency 
receiver 105, the system can be optionally hardwired from the voice 
compression circuitry 101 to the voice expansion circuitry 106 
through the AfD 115 as shown with the dashed fine. Thus, In a voice 
malt, answering machine, sound traok editing or dictation .system, an 

20 input device 114 would supply an acoustic input signal such as a 
speech signal to the terminal 113 having the voice compression 
circuitry 101. The voice expansion circuitry 106 and controls 11 0 
woufd supply the meaM of listening and manipulating to the output 
speech signal in a voice mail, answering machine, dictation, sound 

25 track editing or other applicable system. This invention clearly 
contemplates that the time .. scaling techniques of the claimed 
invention has many other applications besides paging. The paging 
example disclosed herein is merely illustrative .of one of those 
applications. 

30 Now referring to FIG. 2, there is shown a block diagram of a 
paging transmitter 102 and terminal 113 including an amplitude 
compression and filtering module 150 coupled to a time 
compression module 160 which is coupled to the selective call 
transmitter 102 and which transmits messages using aerial or 

35 antenna 103. Referring to Ff Gs . 3 and 4. a lower revel block 
diagram of the block diagram of FIG. 2 is shown. 
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Please keep in mind that this compressed voice paging system 
is highly ba~dwidth efficient and intended to support typically e to 30 
voice messages per 25 kHz channel using the basic concepts of 
quadrature amplitude (QAM) or single-side band (SSB) modulation 

5 and time .scaling of speech signals. Preferably; in a first embodiment 
and also referring to.FI.G. 6, the compressed voice channel or voice 
communication resource consists of 3 sub-channels that are 
separated by 6250 Hz. Each sub-channel consists of two side
bands and a pilot carrier. Each of these two side-bands tnay have 

1 0 the same message in a first method or separate speech messages 
on each sideband or a.single message split between the upper and 
lower sidebands in a second method. The single sub-channel has a 
bandwidth of substantially 6250 Hz with each side-band occupying a 
bandwidth of .substantially 3125 Hz. The actual speech bandwidth is 

15 substantially 300-2800Hz. Altematfvely, the quadrature ampl.itude 
modulation may be used where the two independent signals are 
transmitted directly via I and Q components of the signal to form each 
sub-channel signal. The bandwidth required for transmission is the 
same in the QAM and SS.B cases. 

20 Note that modules 150 and 160 in FIG. 2 can be repeated tor 
use by each different voice signal (up to 6 tf mes in 25 KHz wide 
channels and up to 14 times in 50KHz wide channels) to allow for 
the efficient and simultaneous transmission of (up to 6 rn examples 
shown) voice messages. They can all then be summed at a 

25 summing device (not shown, but see FIG. 5) and preferably 
processed as a composite signal in 102. A separate signal (not 
shown) contains the FM modulation of the FLEXTM protocol (as will 
be described later) which may optionally be generated in .software or 
as a hardware FM signal exciter. 

30 Preferably, in the examples shown herein,. an incoming speech 
message is received by the terminal '113. The present system 
preferably uses a time-scaling scheme or technique to achieve the 
required compression. The preferred compression technique used 
in the present invention requlres certain parameters specific to the 

35 incoming message to provide an optimum quality. Preferably, the 
technique of time-scale compression processes the speech signal 
into a signal having the same bandwidth characteristics as 
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uncompressed speech. (Once these parameters are computed, 
spe.ech is compressed using the desired tlrne-scaling compression 
technique). This tirne-scaled compressed speech is then encoded 
using a digital coder to reduce the. number of bits required to be 

5 distributed to the transmitters.. .In the case of a paging systemJ the 
encoded speech distributed to the transmitters of multlple 
simulcasting sites in a simUloasting paging system would need to be 
decoded once again for further processing such as amplitude 
compression. Amplitude compression of the incoming speech 

1 o signals (preferably using a syllabic compander) is used at the 
transmitter to give protection against channel impairments. 

A time sea.ling technique known as Waveform Similarity based 
Overlap-Add technique or WSOLA encodes speech into an analog 
signal having the same bandwidth characteristics as uncompressed 

15 speech. This property of WSOLA allows it to be combined with SSB 
or QAM modulation such that the overall compression achieved is 
the product of the bandwidth compression ratio of multiple QAM or 
SSB subchannels (in our example, 6 voice channels) and the time 
compression ratio ofWSOLA (typically between 1 and 5). In the 

20 present invention, a modified version of WSOLA, later described and 
referred to as 1'WSOLA~son is used. WSOLA-SD retains the 
compatibility characteristics of WSOLA. that allows the combination 
with SSB or QAM modulation. 

Preferably, an Adaptive Differential Pulse Coded Modulatlon 
25 coder (ADPCM} is used to encode the speech into data that is 

subsequently distributed to the transmitters. At the transmitter, the 
digital data is decoded to obtain WSOLA~D cdrnp.ressed speech 
which is then amplitude companded to provide protection against 
channel noise. This signal is Hilbert transformed to obtain a single~ 

30 Sideband signal. Alternatively, the'signal is quadrature modulated to 
obtain a QAM signal. A pilot carrier is then added to the signal and 
the final signal is interpolated, preferably, to a 16 kHz sampling rate 
and converted to analog. This ls then modulated and transmitted. 

The present invention can operate as a mixed-mode (voice or 
35 digital) one or two way communications system for delivering analog 

voice and/or digital messages to selective call receiver units on a 
forward channel (outbound from the base transmitter) and for 
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receiving acknowledgments from the same selective call receiver 
units which additionally have optional transmitters (on an optional 
reverse channel (inbound to a base receiver). The system of the 
presentlnvention preferably utilizes a synchronous frame structure 

5 similar to FLEX™ (a high speed paging protocol by Motorola, Inc. 
and subject of u .. S. Patent No. 5,282,205, which is hereby 
incorporated by reference) on the forward channel for both 
addressing and voice messaging. Two typ.es of frames are used: 
control frarnas and voice frames. The control frame•s are preferably 

1 .0 used for addressing and delivery of digital data to selective call 
receivers in the form of portable voice units (PVU's). The voice 
frames are used for delivering analog voice messages to the PVU1s. 
Both types of frames are identical in length to standard FLEX™ 
frarnes and both frames begin with the standard FLEXiM 

15 synchronization. These two types of frames are time multiplexed on 
a single forward channel. The frame structure for the present 
invention will be discuss in greater detail later on with regard to FlGs 
10, 11 and 12. 

With regard to modulation, two types of modulation are 
20 preferably used on the forward channel of the. present invention: 

Digital FM (2-level and 4--level FSK) and AM (SSB. Or' QAM with pilot 
carrier). Digital FM modulation is used for the sync portions of both 
types of frames, and for the address and data fields of the control 
frames. AM modulation (each sideband maybe used independently 

25 or oombined together in a sing.le message) is used in the voice 
message field of the voice frames. The digital FM portions of the 
transmission support 6400 BPS (3200 Baud symbols) signaling. 
The AM portions of the transmissions support band limited voice 
(2800 Hz) and require 6.25 KHz for a pair of voice signals. The 

30 protocol, as wlll be shown later, takes advantage of the reduced AM 
bandwidth by subdividing a full channel into 6.25 KHz subchannels, 
and by using each subchannel and the AM sidebands for 
independent messages. 

Voice System of the present invention is preferably designed to 
35 operate on either 25 KHz or 50 KHz forward channels, but other size 

spectrum is certainly within contemplation of the present invention. 
A 25 KHz forward channel supports a single FM control signal during 
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control frames, and up to 3 AM subchannels (6 lndepe.ndent 
signals) during the message portion of voice frames. A 50 KHz 
forward channel supports two FM control signals operated in time 
lock during control frames, and up to 7 AM subchannels {14 

5 Independent signals} during the message portion of voice frames. 
Of course •. other configurations using different size bandwidths and 
numbers Of subchannels and signals are contemplated within the 
present invention. The examples disclosed herein are merely 
illustrative and indicative of the potential broad scope of the claims 

10 herein. 
In addition to the spectrum efficiency achieved through 

modulation and sub-channelization of the spectrum, the present 
invention, in another embodiment, can utilize a speaker dependent 
voice compression technique that time scales th~ speech by a factor 

15 of 1 to 5 times. By using both AM sidebands (alternative.ly, the 2 
QAM components) of a subchannel for different portions of the same 
message or different messages, the overall compression factor per 
subchannel is 2 to 10 times. Voice quality will typically decrease 
with an increasing time-compression factor. The oompression 

20 technique preferably used in the voice system of the present 
invention Is a modified form of a known time-scaling technique 
known as Waveform Similarity based Overlap-Add teohnique 
(WSOLA) as previously mentioned. The modified form of WSOLA is 
dependent upon the particular speaker or speech used, hence the 

25 name 1WSOLA-SD11 for 11WSOLA-Speaker dependent", which will be 
discussed later on. 

Operation of the present invention is enhanced when a reverse 
(inbound to the base receiver) channel is available. The frequency 
division simplex mode of operation is one inbound operating !TIOde 

30 supported. (U.S. Patent Nos. 4,875,038 and 4,882,579, both • 
assigned to assignee of the present invention, Motorola, Inc., 
illustrate the use of multiple acknowledge signals on an inbound 
channel and are incorporated herein by reference}. In frequ.ency 
division simplex, a separate dedicated channel (usually paired with 

35 the outbound channel} is provided for inbound transmissions. 
Inbound data rates of 800 to 9600 BPS are contemplated within a 
channel bandwidth of 12.5 KHz. 
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The system of the present invention can be .operated in one of 
several modes depending on the availability of a reverse channel. 
When no reverse channel is available, the system is preferably 
operated in simulcast mode for both addressing and voice 

5 messaging. When a' reverse channel Is provided, the system can be 
operated in a targeted message mode whereby the messages are 
broadcast only on a single or a subset of transmitters located near 
the portable voice unit. The targeted message mode is 
characterized by simulcast addressing to locate the portable voice 

1 0 Unit, the portable voice unit's response on the .reverse channel 
provides the locatlon, followed by a localized message transmission 
to the portable voice. unit. The targeted message mode of operation 
is advantageous in that it provides the opport1.mity for subchannel 
reuse: and consequently, this mode of operation can lead to 

15 increased system capacity in many large systems. 
FI.G. 3 illustrates a block diagram of a first embodirnent of a 

transmitter 300 in acco.rdance with the present invention. An analog 
speech signal is input to an anti-aliasing low pass filter 301 which 
strongly attenuates au frequencies above one-half the sampling rate 

2.0 of an analog-to-digital converter (ADC) 303 which Is further coupled 
to the filter 301.. The ADC 303 preferably .converts the analog 
speech signal to a digital signal so that further .signal processing can 
be done using digital processing techniques •. Digital processing is 
the preferred method, but the same functions could also be 

25 perforrned with analog techniques or a combination of analog and 
digital techniques. 

A band pass filter 305 coupled to the ADC 303 strongly 
attenuates frequencies below and above its cutoff frequencies. The 
lower cutoff frequency is preferably 300 Hz which allows the 

30 significant speech frequencies to pass, but attenuates lower' 
frequencies which would interfere with a pilot carrier. The upper 
cutoff frequency is preferably 2800 Hz which allows the significant 
speech frequencie.s to pass but attenuates higher frequencies which 
woOld interfere with adjacent transmission channels. An automatic 

35 gain control {AGC) block 307 preferably coupled to the .filter 305 
equalizes the volume level of different voices. 
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A time compression block 309 preferably coupled to the<AGC 
block 307 s~ortens the tirne required for transmission of the speech 
signal while maintaining essentially the .same signal $pectrurn .as at 
the output of the bandpass filter 305. The time compression method 

5 is preferably WSOLA-SD (as will be explained later on), but other 
methods could be used. An amplitude compression block 311 , and 
the corresponding amplitude expansion brook 720 in a receiver 700 
{FIG. 7), form a compandfng device which is well known to increase 
the apparent signal-to-noise ratio of the received .speech, The 

1 o compandlng ratio is preferably 2 to 1 in decibels, but other ratios 
could be used in accordance with the present invention. In the 
particular instance of a communication system such as a paging 
system, the devices 301-309 may be Included in a paging terminal 
(113 of FIG. 1) and the remaining components in FIG. 3 could 

15 constitute a paging transmitter {102 of FIG. 1). In such a case, there 
would typically be a digital. I.ink between the paging termh1af and 
paging transmitter. For Instance, the signal after block 309 could be 
encoded using a pulse code modulation (PCM) technique and then 
subsequently decoded using PCM to reduce the number of bits 

20 transferred between the paging terminal and paging transmitter. 
In any eventi a second band pass filter 308 coupled to the 

amplitude compression block 311 strongly attenuates frequencies 
below and above its cutoff frequencies to remove any spurious 
frequency components. generated by the AGC 307, the time 

25 compression block. 309 or the amplitude compression block 311. 

ThE;l .lower cutoff frequency is preferably 300 Hz which allows the 
significant speech frequencies to pass, but attenuates lower 
frequencies which would interfere with the pilot carrier. The upper 
cutoff frequency is preferably 2800 Hz which allows the significant 

30 speech frequencies to pass but attenuates higher frequencies which 
would interfere with adjacent transmission channels. 

The time compressed speech samples are preferably stored in 
a buffer 313 until an entire speech message has been processed. 
This allows the time compressed speech message to then be 

35 transmitted as a whole. This buffering method is preferably used for 
paging service {which is typically a non real time service) .. Other 
buffering methods may be preferable for other applications. For 
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example, for an appllcation involving two-way real time 
conversation, the delay caused by this type of buffering could be 
intolerable. In that case it would be preferable to interleave small 
segments of several conversations. For example, if the time 

5 compression ratio is 3:1, then 3 real time speech signals could be 
transmitted via a single channel. The 3 transmissions could be 
interleaved on the channel in 150 millisecond bursts and the 
resulting delays would not be objectionable. The time compressed 
speech signal from the buffer 313 is applied to both to a Hilbert 

10 transform filter 323 and to a time delay block 315 which has the 
same delay as the Hilbert transform filter, but does not otherwise 
affect the signal. 

The output of the time delay block 315 (through the summing 
circuit 317) and the Hilbert transform filter 323 form, respectively, the 

1 5 in-phase (I) and quadrature (Q) components of an upper sideband 
(USS) single sideband (SSB) signal. The output of the time delay 
and the negative (325) of the Hilbert transform filter form, 
respectively, the in-phase (I) and quadrature (Q) components of a 
lower sideband (LSB) single sideband signal. Thus the transmission 

20 may be on either the upper or lower sideband, as Indicated by the 
dotted connection. 

While the upper sideband is used to transmit one time 
compressed speech signal, the lower sideband can be used to 
simultaneously transmit a second time compressed speech signal 

25 by using another similar transmitter operating on the lower 
sideband. SSB is the preferred modulation method because of 
efficient use of transmission bandwidth and resistance to crosstalk. 
Double sideband Amplitude Modulation (AM) or frequency 
modulation (FM) could be used, but would require at least twice the 

30 bandwidth for transmission. It is also possible to transmit one time 
compressed speech signal directly via the I component and a 
second time compressed speech signal directly via the Q 
component, however, in the present embodiment this method is 
subject to crosstalk between the two signals when multipath 

35 reception occurs at the receiver. 
A direct current (DC) signal is added to the I component of the 

signal to generate the pilot carrier, which is transmitted along with 
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the signal--and used by the receiver (700} to substantially cancel the 
effects of gain and phase variations or fading in the transmission 
channel. The I and Q components of the signal are converted to 
analogJorm by dig~tal-to-anal.og converters (DAC) 319 and 327 

5 respedtively. The 1wo signals are then filtered by low pass 
reconstruction filters 321 and 329 respectively to remove spurious 
frequency components resulting from the digital-to-analog 
conversion process. A quadrature amplitude modulation (QAM) 
modulator 333 modulates the I and Q signals onto a radio frequency 

1 o (RF) carrier at low power level. Other modulation methods, e.g. 
direct digital synthesis of the modulated signal would accomplish the 
same purpo$e as the DACs (319 and 327), reconstruction filters 
(321 and 329), and QAM modulator 333. Finally,. a linear RF power 
amplifier 335 amplifies the modulated RF signal to the desired 

15 power level, typically 50 watts or more. Then, the output .of the RF 
power amplifier 335 is coupled to the transmitting antenna. Other 
variations can produce esseotlaUy the same results. For example, 
the amplitude compression could be performed .before the time 
compression, or omitted altogether and the device would stm . 

20 perform essentially the same function. 
FIG. 4 illustrates a block diagram of a second embodiment of a 

transmitter 400 in accordance with tbe present invention. In FIG. 4, 
both the upper and lower sidebandi are used to simultaneously 
transmit different portions of the same time compressed signal. The 

25 transmitter 400 preferably includes an anti-alias filter 4041 an ADC 
403, a bandpass filter 405, an AGC 407, a time compression block 
409, an amplitude compression block 411, and a bandpass filter 408 
coupled and configured as in FIG. 3. Operation of the transmitter of 
FIG. 4,Js the same as in FIG. 3 until an entire speech message has 

30 been processed and stored In a boffer 413. The time compressed 
speech samples stored in the buffer 413 are then divided to be 
transmitted on either the upper or lower sideband. Preferably, the 
first half of the time compressed speech message is transmitted via 
one sideband and the second half of the time compressed speech 

35 message is transmitted via the other sideband (or alternatively on 
each of the r and Q components directly). 
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The first portion of time compressed speech signal from the 
buffer 413 is ·applied to both a first Hilbert transform filter 423 and to 
a first time delay block 415 which has the same delay as the Hilbert 
transform filter 423 but does not otherwise affect the signal. The 

5 output of the first time delay (through summing circuit 417) and the 
first Hilbert transform"filter 423 (through summing circuit 465) are In
Phase {I) and Quadrature Phase (Ol signal components which, 
when coupled to I and Q inputs of the QAM modulator, generate 
upper sideband signal having information only from the first portion 

1 o of time compressed spee.ch samples.. The second time compressed 
speech signal from the buffer 413 is applied to botn a second Hilbert 
transform filter 461 and to a second time delay block 457 which has 
the same delay as the Hilbert transform filter 461 but does not 
otherwise affect the signal. The output of the second time dela.y 

15 (through summing circuits 459 and 417) and the negative (463) of 
the output of the seco.nd Hilbert transform filter 461 (and age.in .. 
through summing circuit 465) are In-Phase (I) and Quadrature 
Phase (Q) signal components which, when coupled to I and Q inputs 
of the QAM modulator, generate upper sideband si.gnal having 

20 information only from the second portion of time compressed speech 
samples. The I components of the upper and lower sideband 
signals are added with a DC pilot carrier component (through 
summing circuit 459) to form a composite I component for 
transmission. The Q components of the upper and lower sideband 

25 signals are added (through summing circuit 465) to form a 
composite Q component for transmission. It will be appreciated that 
elements 415,423,457,461,417,459,463,465,419,427,421, and 
429 form a preprocessor which generates preprocessed I and Q 
signal components, which when coupled to the CAM modulator 453 

30 generate the low level subchannel signal with a subcarrier FA, 

having two single sideband signals. which have independent 
information on each sideband. 

The transmitter 400 further comprises DACs 419 and 427, 
reconstruction filters 421. and 429, QAM modulator 433, and RF 

35 power amplifier 455 arranged and constructed as described in FIG .. 
3. Operation of the rest of the transmitter of FIG. 4 is the same as in 
FIG.3. 
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Preferablyt in both transmitters 300 and 400 of FIGs •. 3 and 4 
respectively, only the anti-alias filters, the reconstruction filters, the 
RF power amplifier and optionally the Analog to Digital converter 
and digital to analog converters are separate hardware components. 

5 The remainder of the devices can preferably be incorporated into 
sottware which coufd be run on a processor, preferably a digital 
signal processor. 

FIG. 7 illustratt;)s a block diagram of a receiver 700 which 
preferably operates in conjunction With the transmitter 300 of FIG. 3 

1 0 in accordance with the present invention. A receiving antenna is 
coupled to a receiver module 702. The receiver module 702 
inch.Ides conventional receiver elements, such as RF amplifier, 
mixer, bandpass filter, and intermediate frequency (IF) amplifier (not 
shown). A QAM demodulator 704 detects the I and Q components of 

15 the received signal. .An analog•tO--digital converter (ADC) 706 
converts the I and a components to digital form tor further 
processing. Digital processing is the preferred method, but the same 
functions could also be performed with analog techniques or a 
combination of analog and digital techniques. Other methods of 

20 demodulation, e.g., a sigma-delta converter, or direct digital 
demodulation, would accomplish the same purpose as the CAM 
demodulator 704 and ADC 706. 

A feedforward automatic gain control (AGC) block 708 uses the 
pilot carrier, transmitted along with the time compressed speech 

25 signal, as a phase and amplitude reference signal to substantially 
cancel the effects of amplitude and phase distortions occurring il1 the 
transmission channel. The outputs of the feedforward automatic gain 
control are corrected I and Q components Of the received signal. 
The corrected Q component is applied to a Hilbert transfo.rm filter 

30 712, and the corrected I component is applied to a time delay block 
71 O which has the same delay as the Hilbert transform filter 712 but 

does not otherwise affect the signal. 
If the time compressed speech signal was transmitted on the 

upper sideband, the output of the Hilbert transform filter 712 is 
35 added (through summing circuit 714) to the output of the time delay 

block 71 o to produce the recovered time compressed speech signal. 
If the time compressed speech signal was transmitted on the tower 
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sideband, t~e output of the Hilbert transform filter 712 is subtracted 
(716) from the output o.f the time delay block 71 0 to produce the 
recovered time compressed speech signal. The recovered time 
compressed speech signal is preferably stored in a buffer 718 until 

5 an entire message has been received. other buffering methods are 
also possible. (See the discussion with FIG. 3.J 

An amplitude expansion block 720 works in conjunction with 
the amplitude compression block 311 of FIG. 3 to perform the 
companding function. A time expansi.on block 722 works in 

1 o conjunction with the time compression block 309 of FlG. 3 and 
preferably reconstructs the speech into its natural time frame for an 
audio output through transducer 724 or other time frames as other 
applications may suggest. One application could optionally include 
the transfer of digitized voice to a computing device 726, where the 

1 5 receiver ... to-computer Interface can be a PCMCIA or RS-232 
Interface or any number of interfaces known in the a.rt. The time 
compression method is preferably WSOLA-SD, but other methods 
could be used, so long as complementary methods are used in the 
transmitter and receiver. other variations in configuration can 

20 produce essentially the same results. For example, the amplitude 
compression could be performed after the time compression, or 
omitted altogether and the device would still perform essentially the 
same function. 

FIG. 8 illustrates a block diagram ofa receiver 750 which 
25 operates in conjunction with the transmitter of FIG. 400 in 

accordance with the present invention. The receiver of FIG. 8 
comprises an antenna, receiver module 75.2, a QAM modulator 754, 
an ADC 756, a Feed-forward AGC 758, a time delay block 780, and 
a Hilbert transform filter 762 arranged and constructed as described 

30 in FIG. 7. Operation of the race.Iver of FIG. 8 is the same as FIG. 7, 
up to the output of the time delaylilock 760 and Hilbert trantfortn 
filter 762. The output of the Hilbert transform filter 762 is added to 
the output of the time delay block 760 (through summing circuit 764) 
to produce the recovered time compressed speech signal 

35 corresponding to the first half of the speech message which was 
transmitted on the upper sideband. The output of the Hilbert 
transform filter 762 is subtracted {766) from the output of the time 
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delay block 760 to produce the recovered time compressed speech 
signal corresponding to the second half of the speech message 
which was transmitted on the lower sideband. 

The two recovered time compressed .speech signals are stored 
5 in either respective upper sideband and lower sideband buffers 768 

or 769 until the entire message has been received. Then, the signal 
corresponding to the first half of the message and the Signal 
corresponding to the second half of the massage are applied 
sequentially to the amplitude expansron block 770. An amplitude 

1 O expansion block 770 works in conjunction with the amplitude 
compression block 411 of FIG. 4 to perform the companding 
function. 

The operation of the rest of the receiver of FtG. 8 ls the same as 
FIG. 7. A time expansion block 772 works in conju.nctio~. with the 

15 time compression block 409 of FIG. 4 and preferably redonstructs the 
speech into its natural time frame or other time frames as other 
applicatlons may suggest or require. The time compression method 
is preferably WSOLA-SD, but other methods could be used, so long 
as complementary methods are used in the transmitter and receiver. 

20 Other configurations can produce essentially the same results. For 
example., the amplitude compression could be performed after the 
time compression, or omitted altogether and the device would still 
perform essentially the same functl.on. 

As with the implernentaticm of the transmitters of FIGS. 3 and 4 , 
25 many of the components in FlGs. 7 and 8 can be implemented in 

software including, but not limited to the AGCs, the single-sideband 
or QAM demodulators, summation circuits, the amplitude expansion 
blocks, and the time expansion blocks. All the other components 
are preferably implemented in hardware. 

30 If the speech processing, encoding and modulation portiOJl of 
the present invention were to be implemented into hardware, the 
implementation of FIG. 5 could be used. For instance. transmitter 
500 of FIG. 5 would include a series of pairs of slngle~sideband 
exciters (571-576) set to the frequencies of their respective pilot 

35 carriers (581-583). Exciters 571-576 and pilot carriers 581-583 
correspond to the separate voice processing paths. All these 
signals, including a slghal from an FM signal exciter 577 (for the 
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digital FM "'!odulation used for the synchronization, address and 
data fields previously described} would be fed into a summing 
amplifier 570 which in turn is amplified by a linear amplifier 580 and 
subsequently transmitted. The low level output of FM exciter 577 is 

5 also linearly combined in summing amplifier 570. The composite 
output signal of summing amplifier 570 is amplified to the desired 
power level, usually 50 watts or more, by linear RF power amplifier 
580. The output of linear RF power amplifier 580 is then coupled to 
the transmitting antenna. 

1 O Other means could be used to combine several subohannel 
signals. For example, the several digital baseband I and Q signals. 
obtained at the outputs of. 4•'l 7 and 465 ln Fig. 4, could be translated 
in frequency to their respective subcarrier .offset frequencies, 
combined in digital form, tl'len converted to analog form for 

15 modulation onto the carri,r frequency. 
Referring to FIG. 9, there ls shown another receiver unit 900 in 

accordance with the present invention. Receiver 900 additionally 
incorporates a means for detecting. and decoding the FM modulated 
control signals that are used in the FLEX™ signaling protocol. Block 

20 902 is the receiver front end and an FM back end. A digital 
automatic frequency controller (DAFC) and automatic gain controller 
(AGC) are incorporated into block 902. Block 906 includes the radio 
processor with a support chip 950 and Blocks 911, 914, and 916 
Include all the output devices. Block 904 is the battery saver or 

25 battery economy circuit which operates under control of the 
processor 906. Block 850 is the linear decoder followed by an 
analog-to-digital converter and random access memory (RAM) Block 
868. The receiver Block 902 is preferably a modified FM receiver 
including the addition of a DAFC as described in U.S. Patent No. 

30 5,239,306 (which is assigned to the assignee of the present * 

invention and which is hereby incorporated by reference herein), an 
AGC, and which provides. for an intermediate frequency (IF) output at 
a point following most of the receiver gain but prior to the FM 
demodulator. 

35 The same processor that controls Motorola's FLEXTM protocol 
compatible pagers would adequately handle all the protocol 
functions in the present Invention including the address recognition 
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and messag9 decoding ofan FM demodulated signal. Additionally, 
in response to an FM modulated .address (and perhaps message 
pointer code words), the processor 908 initiates the operation of the 
analog-to-digital conversion and of the RAM Block 868. Block 868 

5 samples either or both the I (In-phase) and Q (quadrature) linearly 
modulated signals af the outputs of the Unear decoc:ler block 850. 
The signal samples are written directly to RAM with the aid of an 
address counter and in response to a control signal from the 
processor 906. 

1 D A voice can be sent as an SSB signal occupying a single voice 
bandwidth on the channel, or equivalently on either of the r or Q 
channels (:IS was described earlier. Each of the f and Q signals 
simultaneously occupy the same RF bandwidth as two analog-sfngle 
sidebands {SSB). Voice bandwidths are on the order of 2.8KHz, so 

15 a typical signal sampHhg rate of about 6.4 KHz each is required of 
the analog-to-digital converter if analog-SSB is recovered from the I 
and Q channel information. The analog-to-digital converter samples 
with 8 bit precision (although as much as 10 bits is preferred). Direct 
memory access by the analog-to-digital converter allows the use of a 

20 processor whose speed and power are not a direct function of the 
channel data rate. That is, a microprocessor can be used with direct 
memory access., whereas, a significantly higher speed processor · 
would be required if the analog-to-digital converted data were read 
to memory through the microprocessor. 

25 The analog-to-digital converter (AID), the dual port RAM and the 
address counter are grouped as block 868. A second RAM 1/0 port 
can be setial or parallel,. and operates at a 6 or 12 K sample per 
second rate. A second RAM 1/0 port ls provided so that the 
processor can extract the sampled voice or data, process the 

30 demodulation function, and expand the compressed volce o.r format ~, . I 

the data. The restored voice is played back through the voice 
processor 914 and transducer 916, while formatted data can be 
displayed on display 911. 

Again, referring to FIG. 9, an expanded electrical block diagram 
35 is used to describe in further detail the receiver operation of the dual 

mode communication receiver of the present invention. The 
transmitted information signal, modulated in the FM modulation 
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format, or in a linear modulation format (such as SSBJ, is intercepted 
by the antenna 802 which couples the Information signal to the 
receiver section 902, and in particular to the input of the radio 
frequency (RF) amplifier 806. The message information is 

5 transmitted on .any suitable RF channel, such as those in the VHF 
bands and UHF bands. The RF amplifier 806 amplifies the received 
information si.gnal, such as that of a .signal received on a 930 MHz 
paging channel frequency, coupling the amplified information signal 
to the input of the first mixer 808. The first oscillator signal, which Is 

1 0 generated in the preferred embodiment of the present invention by a 
frequency synthesizer or local oscillator 810, also couples the first 
mixer 808. The first mixer 808 mixes the amplified information signal 
and the first oscillator signal to provide a first intermediate frequency, 
or IF, signal. such as a 45 MHz IF signal, which is coupfed to the 

15 input of the first IF filter 812. It will be appreciated that other IF 
frequencies can be utilized as well, especially when other paging 
channel frequencies are utilized. The output of the JF triter 81.2 which 
is the on-channel. information signal, is .coupled to the input of the 
second conversion section 814, which will be described in further 

20 detail below. The .second conversion section 814 mixes the on
channel information slgnal to a rower intermediate frequency, such 
as 455KHz, using a second oscillator signal, which is also generated 
by the synthesizer 810. The second conversion section 814 
amplifies the resultant intermediate frequency signal, to provide a 

25 second IF signal which is suitable to be coupled to either the FM 
demodulator section 908 or to the linear output section 824. 

Receiver section 804 operates in a. manner similar to a 
conventional FM receiver, however, unlike a convention FM receiver, 
the receiver section 804 of the prese.nt ihventron also includes an 

30 automatic frequency control section 816 which is coupled to the 
second conversion sectiort 814, arlci which appropriately samples 
the second IF signal to provide a frequency correction signal which 
is coupled to the frequency synthesizer 810 to maintain the receiver 
tuning to the assigned channel. The maintenance of receiver tuning 

35 is especially important for the proper reception of CAM (that is. I and 
a components) and/or SSB information which is transmitted in the 
I.inear modulation format. The use of a frequency synthesizer to 
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generate the .. first and second oscillator frequencies enables the 
operation selection of the receiver on multiple operating frequencies, 
selected such as by code memory programmfng and/or by 

parameters received ovetthe air, as for example, in the FLEX'™ 
5 protocol. It will be appreciated that other oscmator circuits, such as 

fixed frequency oscillator circuits which can be adjusted by a 
frequency correction signal from the automatic fr'equemcy control 
section 816, can be utilized as well. 

An automatic gain control 820 is also coupled to the second 
1 O conversion section 814 of the dual mode receiver of the present 

invention. The automatic gain control 820 estimates the energy of 
samples of the second IF signal and provides a gain correction 
signal which is coupled to the RF amplifier 806 to maintain a 
predetermined gain for the RF amplifier 808. The gain correction 

15 signal also couples the second conversion section 814 to maintain a 
predetermined g8.in for the second conversion section 814. The 
maintenance of the gain of the RF amplifier 806 and the second 
conversion section 814 is required for proper reception of the high 
speed data information transmitted in the linear modulation format, 

20 and further distinguishes the dual mode receiver of the present 
invention from a conventional FM receiver. 

When the message information or cohtrol data is transmitted In 
the FM ntodulation format, the second IF signal is coupled to the FM 
demodulator section. 908, as will be explained in detail below. The 

25 FM demodulator section 90.8 demodulates the second IF signal in a 
manner well known to one of skill in the art. to provide a recovered 
data signal, which is a stream of binary information corresponding to 
the received address and message information transmitted in the FM 
modulation format. The recovered data signal coupled to the input of 

30 a microcomputer 906, which function as a decoder and controller, 
~/ ... .. . . . . . . . . . I 

through an input of input/output Port, or 1/0 port 828. The 
microcomputer 906 provide complete operational control of the 
communication receiver 900, providing such functions as decoding, 
message storage and retrieval, display control, and alerting, just to 

35 name a few. The device 906 is preferably a single chip 
microcomputer such as the MC68HC05 microcomputer 
manufactured by Motorola, and includes CPU 840 for operational 
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control. An internal bus 830 connects each of the operational 
elements of the device 906. 1/0 port 828 (shown split in FIG. 9) 

provides a plurality of control and data lines providing 
communications to device 906 from external circuits, such as the 

5 battery saver switch 904, audio processor 9.14, a display 911, and 
digital storage 868. A timing means, such as timer 834 is used to 
generate the timing signals reqµired for the operation of the 
communication receiver, such as for battery saver timing, alert 
timing, and message storage and display timing. Oscillator 832 

1 o provides the clock for .operation of CPU. 840, and provides the 
reference clock for timer 834, RAM 838 rs used to store information 
utilized in executing the various firmware routines controlling the 
operation of the communication receiver 900, and can also be used 
to store short messages, such as numeric messages. ROM 836 

15 contains the firmware routines used to control the device 906 
operation, including such routines as required tor decoding the 
recovered data signal~ battery saver control, message storage a.nd 
retrieval in the digital storage section 868, and general control of the 
pager operation and message presentation. An alert generator 842 

20 provides an alerting signal in response to decoding the FM 
modulated signaling information. A code mernory 91 0 (not shown) 
couples the microcomputer 906 through the l/0 port 828. The code 
memory rs preferably an EEPROM (electrically erasable 
programmable read only memory) which stores one or more 

25 predetermined addresses to which communication receiver 900 is 
respons.ive. 

When the FM modulated signaling information is received, it is 
decoded by the device 906, functioning as a decoder ln a manner 
well known to one skilled in the art. When the information in the 

30 recovered data signal matches any' of the stored predetermib.ed 
addresses, the subsequently received information is decoded to 
determine if additional information is directed to the receiver which is 
modulated in the FM modulation format, or .if the additional 
information is modulated in the linear modulation format. When the 

35 additional information is transmitted in the FM modulation format, the 
recovered message il"lformatlon is received and stored in the 
microcomputer RAM 838, or in the digital storage section 868, as will 
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be explained further below, and an alerting signal is generated to 
alert generator 842. The alerting signal is coupled to the audio 
processing circuit 914 whioh drives transducer 916, delivering an 
audible alert. Other forms. of sensible alerting, such as tactile or 

5 vibrating alert, can .. also be provided to alert the user as well. 
When additional information is to be transmitted in the linear 

modulation format (such as SSB or 11r and Q''), the microcomputer 
906 decodes pointer information .. The pointer information includes 
information indicating to the receiver on what combination of 

1 0 sidebands ( or on what combination of I and Q components) within 
the channel bandwidth that the additional information is to be 
transmitted. The device 906 maintains the operation of monitoring 
and decoding information transmitted in the FM modulation format, 
until the end of the current batch, at which time the supply .of power is 

15 suspended to the receiver until the next assigned batchJ or until the 
batch identified by the pointer is reached,. during which high speed 
data is transmitted. The device 906, through 1/0 port 828 generates 
a battery saving control signal. Which couples to battery saver switch 
904 to suspend the supply of power to the FM demodulator 908, and 

20 to supply power to linear output section 824, the linear demodulator 
850, and the digital storage section 868. as will be described below. 

The second IF output signal, which now carries the SSB (or 111 
and Q") information ls coupled to the linear output section 824. The 
o.utput of the linear output section 824 is coupled to the quadrature 

25 detector 850, specifically to the input of the third mixer 852. A third 
local oscillator also couples to the third mixer 8S2, Which is 
preferably in the range of frequencies from 35-150kHz, although It 
win be appreciated that other frequencies may be utillzed as well. 
The signal from the linear output section 824 is mixed with the third 

30 local oscillator signal 854, producing a third IF signal at the output of 
the third mixer 852, which is coupled to a third IF amplifier 856. The 
third IF amplifier is a low gain amplifier which buffers the output 
signal from the input signal. The third output signal is coupled to an I 
channel mixer 858 and a Q channel mixer 860. The I/Q o.scillator 

35 862 provides quadrature osc!Hator signals at the third IF frequency 
which are mixed with the third output signals in the I channel mixer 
858 and the Q channel mixer 860, to provide baseband f channel 
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signals and Q channel signals at the mixer outputs. The baseband r 
channel signal is coupled to a low pass filter 864, and the baseband 
Q channel signal is coupled to a low pass filter 866, to provide a pair 
of baseband audio signals which represent the compressed and 

5 companded voice signals . 
The audio signals are coupled to the digital storage s.ection 

868, in particular to the inputs of an analog to digital converter 870. 
The AID converter 870 samples the signals at a rate at least twice 
the highest frequency component at the output of 864 and 866. The 

1 0 sampling rate is preferably 6.4 kilohertz per r and Q channel. It wm 
be appreciated, that the data sampling rate indicat~d is for example 
only, and other sampling rates may be used depending upon the 
bandwidth of the audio message received. 

During the batch when the high speed data is transmitted, the 
15 microprocessor 906 provides a count enabling signal which is 

coupled to the address counter 872. the ND converter 870 is also 
enable to allow sampling of the information symbol pairs. The AID 
converter 870 generates. high speed sample clock signals which are 
used to clock the address counter 872 which in turn sequentlally 

20 generates addresses for loading the sampled voice signals into a 
dual portrandom access memory 87 4 through data lines going from 
the converter 870 to the RAM 874. The voice signals which have 
been loaded at high speed Into the dual port RAM 87 4 In real time., 
are processed by the microcomputer 906 after all voice signals have 

25 been received, thereby producing a significant reduction ih the 
energy consumed by not requiring the microcomputer 906 to 
process the information fn real time. The microcomputer 906 
accesses the stored signals through data lines and address l.ines, 
and in the preferred embodiment Of the present invention, processes 

30 the Information symbol pairs to generate either ASCII encoded 
information in the case of alphanumeric data having been 
transmitted, or digitized sampled data in the case voice was 
transmitted. The digitized voice samples can alternatively stored in 
other formats such as BCD, CVSD, or LPC based forms and other 

35 types as required. In the case of time compressed voice signals, the 
I and Q components sampled by ADC converter 870 are further 
processed by CPU 840 via dual port RAM 874 and 110 828 to (1) 
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amplitude expand the audio signal and (2) time-expand the signal 
as was described .in the. similar operation of the receivers of FIGs. 7 
and 8. The voice is then stored again in RAM 874. The ASCII 
encoded or voice data is stored in the dual port RAM until the 

5 information is requested for presentation by the communication 
receiver user. The stored ASCH encoded data is recovered by the 
user using switches (not shown) to select and read the stored 
messages. When the stored ASCII encoded message. is to be read, 
the user selects the message to be read and actuates a read switch 

1 o which enable microcomputer 906 to recover the data, and to present 
the recovered data to a display 911. such as a liquid crystal disPlay. 
When a voice message is to be read, the user selects the message 
to be read and actuates a read switch Which enables the 
microcomputer 906 to recover the data from the dual port RAM, and 

15 to present the recovered data to the audio processor 914 which 
converts the digital voice information into an analog voice signal 
which Is coupled to a speaker 916for pres.entation of the voice 
message to the user .. The microcomputer 906 can also generate a 
frequency selection si.gnal which is coupled to frequency .synthesizer 

20 810 to enable the selection of different frequencies as previously 
described. 

Referring to FIG. 10, a timing diagram is shown which illustrates 
features of the FLEX™ coding format on outbound signaling utilized 
by the radio communication system 1 oo of FIG. l, and which 

25 includes details of a control frame 330, in accordance with the 
preferred embodiment of the present invention. Control frames are 
also classified as digital frames. The signaling protocol is 
subdivided info protocol divisions, which are an hour 310, a cycle 
320, frames 330, 430 a block 340, and a word 350. Up to fifteen 4 ~.ff > 

30 minute uniquely identified cycles are transmitted in each hour 31 D. 
Normally, all fifteen cycles 320 are transmitted each hour. Up to one 
hundred twenty eight 1.875 second uniquely identified frames 
including digital frames 3.30 and analog frames 430 are transmitted 
in each of the cycles 320. Normally, all one hundred twenty eight 

35 frames are transmitted. One synchronization and Frame Information 
signal 331 lasting one hundred fifteen milliseconds and 11 one 
hundred sixty millisecond uniquely identified blocks 340 are 
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transmitted in each of the control frames 330. Bit rates of 3200 bits 
per second: (bps) or 6400 bps are preferably osed durihg each 
control frame 330. The bit rate during each control frame 330 is 
communicated to the selective call radios 106 during the 

5 synchronization signal 331. When the bit rate is 3200 bps, 16 
uniquely identified 32 bit words are included in each block 340, as 
shown in FIG. 10. When the bit rate is 6400 bps 32 uniquely 
identified 32 bit words are included in each block 340 (not shown). 
In each word, at least 11 bits are used for error detection and 

1 O correction, and 21 bits or less are used for information, in a manner 
well known to one of ordinary skill in the art. The blts and words 350 
in each block 340 are transmitted in an interleaved fashion .using 
techniques wen known to one of ordinary ski.II in the art to improve 
the error correction capability of the protocol. 

15 Information is included in each control frame 330 in information 
fields, comprisrng Frame structure information in a block information 
field (BI) 332, one or more selective call addresses in an address 
field (AF} 333, and one or more vectors in a vector field {VF) 334. 
The vector field 334 starts at a vector boundary 334: Each vector in 

20 the vector field 334 corresponds to one of the addresses in the 
address field 333. The boundaries of the information fields. 332, 
333, 334 .are defined by block information field 332. Information 
fields 332, 333, 334 are variable, depending on factors such as the 
, type of system information included in the sync and frame 

25 information field 331 and the numbet of addresses included in the 
address field 333, and the number and type of veclol'S included in 
the vector field 334. 

Referring to FIG. 11, a timing diagram is shown which illustrates 
features of the transmission format of the outbound .signaling 

30 protocol utilized by the radio communication system of FIG. 1, and 
which includes details of a voice frame 430, in accordance with the 
preferred embodiment of the present invention. Voice frames are 
also classified herein as analog fra.mes. The durations of the 
protocol divisions hour 310, cycle 320, and frame 330, 430 are 

35 identical to those described with respect to a control frame in FIG. 
1 o. Each analog frame 430 has a header portion 435 and an 
analog portion 440. The information in the synchronization and 

\ 
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frame inform~tion signal 331 is the same as the synchronization 
signal 331 in•a control frame 330. As described above, the header 
portion 435 is frequency modulated and the analog portion 440 of 
the frame 430, is amplitude modulated. A transition portion 444 

5 exists between the header portion 435 and analog portion 440, ln 
accordance with the preferred embodiment of the present invention, 
the transition portion includes amplitude modul.ated pilot subcarriers 
for up to three subchannels 441, 442, 443. The analog portion 440 
illustrates the three subchannels 441, 442, 443 which are 

1 o transmitted simultaneously, and each subchannel includes an upper 
sideband signal 401 and a lower sideband signal 402 (or 
alternatively, an in-phase and a quadrature signal). In the example. 
illustrated in FIG .. 11, the upper sideband signal 401 Includes one 
message fragment 41 St wh.ich ls a first fragment of a first analog 

t5 message. Included in the lower sideband 402 are four qualfty 
asses.sment .signals 420, 422, 424, 4.26, four message segments 
410, 412, 416, 418, and one segment 414 (unused In this. example). 
The two segments 410,412 are segments of a second fragment of 
the first analog message. The two segrnents416, 418 are segments 

20 of a first fragment of a second analog message. The first and 
second analog messages are compressed voice signals which have 
been fragmented for inc!Usion in the first subchannel 441 .of frame 
one 430 of cycle 2 of 320. The second fragment of the first message 
and the first fragment of the second message are each split to 

25 include a quality assessment slgnal 420, 426, which are repeated at 
predetermined positions in the lower sideband 402 of each of the 
three subchanrtels 441, 442, 443. The smallest segment of 
mes.sage included in an analog frame is defined as a voice 
increment 450, of which 88 are uniquely identified in each analog 

30 portion 440 of an analog frame 430.~)'he quality assessments,. 
signals are preferably transmitted as unmodulated .subcarrier pilot 
signals, are preferably one voice increment in duration, and 
preferably have a separation of no more than 420 milliseconds 
within an analog portion of a frame. ft wm be appreciated that more 

35 than one message fragment could occur between two quality 
assessment signals, and that message fragments are typically of 
varyfng Integral lengths,of voice increments. 
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Referring to FIG. 12, a timing diagram illustrating a control 
frame 330 and two analog frames of the outbound signaling protocol 
utilized by the radio communication system of FIG. 1 is. shown, in 
aQcordance with the preferred embodiment of the present invention. 

5 The diagram of FIG. 12 shOws an example of a frame zero (FIG. 10) 
which is a control frame 330. Four addresses 510,511,512, 513 
and four vectors 520, 521 , 522, 523 are illustrated. Two addresses 
510, 511 include one selective call radio 106 address, while the 
other two addresses 512, 513 are for a second and third selective 

10 call radio 106. Each address 510, 511, 512, 513 is uniquely 
associated with one of the vectors 520,521, 522, and 523 by 
rnclusion of a pointer within each address which indicates the 
protocol position of (i.e., where the vector starts and hOW long it Is) 
the associated vector. 

15 In the example shown in FIG. 12, vectors 520, 521, 522,. 523 
are also uniquely associated with a message portion in one of the 
subchannels. Specifically, vector 520 can point to an upper 
sideband of subchannel 441 (see FIG. 11) and vector 522 can point 
to a lower sideband of subchannel 441. Similarly, vector 521 can 

20 point to both sidebands of subchannel 442. That Is, In the case of 
subchannel 44 t, the example can show that two different message 
portions are carried by the upper and lower sidebands. rn the case 
of subchannel 442, two halves of one message portion are carried 
by the upper and Jower sidebands respectively. Thus, the vectors 

25 preferably include information therein to indicate which subchannel 
(i.e., which radio frequency) the receiver should look for a message, 
and also Information to indioa.te whether tw.o separate messages are 
to be recovered from the subchannel, or whether first and second 
halves of a Single message are to be recovered. 

30 One use for the embodiment where two different messages are 
simultaneously transmitted over upper and lower sidebands (or I 
and Q channels), respectively, is where one message is a direct 
voice paging message, and the other is a voice mailbox message, 
which is to be stored in the pager. 

35 In accordance with the preferred embodiment of the present 
Invention the vector position is provided by identifying the number of 
words 350 after the vector boundary 335 at which the vector starts, 
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and the length of the vector, fn words. It will be appreciated that the 
relative positions of the addresses and vectots are independent for 
each other. The relationships are illustrated by the arrows. Each 
vector 520T 521, 522, 523 is uniquely associated with a message 

5 fragment 550, 551 • 552, 553 by inclusion of a pointer within each 
vector which indicates the protocol position of (i.e., where the 
fragment starts and how tong it is) the associated vector. In 
accordance with the preferred embodiment of the present invention 
the message fragment position is provided by identifying the frame 

1 O 430 number (from 1 to 127), the subchannel 441, 442, 443 number 
(from one to three)., the sideband 401, 402, {or I or Q) and the voice 
Increment 450 where the message fragment starts, and the length of 
the message fragment, in terms. of voice increments 450. For 
example, vector three 522 includes information which indicates that 

15 message two, fragment one 552, which is intended for selective call 
transceiver 106 having selective call address 512, is located starting 
at voice increment forty six 450 (the voice increments 450 are not 
identified in FIG. 12) of frame one 560, and vector thirteen523 
includes information which indicates that message nine fragment 

20 one 553, which is intended for selective call transceiver 106 having 
selective call address 513, is located starting at voice Increment zero 
450 (the voice increments 450 are not shown in FrG. 12} of frame 
five 561 . 

It wilt be appreciated that, while voice signals are described in 
25 accordance with the preferred embodiment of the present invention, 

other analog signals, such as modem signals or dual tone multi
frequency (OTMF) signals, can alternatively be accommodated by 

the present invention. lt should also be appreciated that the block 
information used in the frame struclure previously described ~n be 

30 used to implement further enhancements that would allow for 
greater overall throughput in a communication system and allow tor 
additional features. For instance, a message sent to a portable 
voice unit can request that an acknowledgment signal sent back to 
the system include information that would Identify the transmitter it 

35 was receiving its messages from. Thus, frequency reuse in a. 
simulcast system can tie achieved in this way by transmitting 
messages to the given portable voice unit using the one transmitter 
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required to reach the portable voice unit. Aoditionally, once the 
system knows the location of the portable voice unit, implementing 
target messaging logically follows. 

In another aspect of the present invention, the time--scaling 
5 technique, previously described as WSOLA has some existing 

disadvantages when used in conjunction with the present invention. 
Thus, a technique was developed that modifies WSOLA to become 
speaker dependent and appropriately named "WSOLA-S011

• To 
further understand our modification of WSOLA to form WSOLA-SD, a 

1 o brief description of WSOLA follows. 
A technique called Waveform similarity based Overlap-Add 

technique (WSOLA) can achieve high-quality time--scale 
modification compared to other techniques and is also much sf mpler 
than other methods. When used to speed up or slow down speech, 

15 the quality of speech is not very good even with the WSOLA 
technique. The reconstructed speech contains a lot of artifacts like 
echoe.s, metallic sounds and. reverberations in the background. This 
~spect of the present inve.ntion describes several enhancements to 
overcome this problem and minimize the artifacts present. Many 

20 parameters in the WSOLA algorithm have to be optimized to achieve 
the best quality possible for a given .speaker and required 
compression/expansion or time-scaling factor. This aspect of the 
invention deals with determining those. parameters and how to 
incorporate them in .compression/expansion or time-scaling Of 

25 speech signals with improvement in the quality of the recovered 
speech or voice· signal. 

The WSOLA Algorithm: Let x(n) be the input speech signal to 
be modified, y(n) the time--scale modified signal and a. be the time .. 
scaling parameter. If a is less than 1 then the speech signal is 

30 expanded in time. If a. is greater than 1 then the speech signal is 

compressed in time. 
Referring to FIGs. 13-17, timing diagrams for several iterations 

of the WSOLA time--soaling (compression) method is shown for 
comparison to the preferred method of WSOLA-SD of the present 

35 invention. Assuming that the input speech signals are appropriately 
di.gitized and stored, FIG. 13 IHustrates the first iteration of the 
WSOLA method on an uncompressed speech input signal. The 



IPR2020-00033 Page 00220

PT00600U 

32 

WSOLA method requires a time scale factor of o. (which we assume 
is equal to 2 for this example, where if r:1> 1 we have compression 
and lf tt<l we have expansion) and an arbitrary analysis segment 

size (Ss) whlch is independent of the input speech characterlstics, 
5 and in particular, independent of pitch. .An overlap segment size So 

is computed as O.S*Ss and ls fixed in WSOLA. The first Ss samples 
are copied directly to the output as shown in FIG. 14. Let the index of 
the last sample in the output be lf1. An overlap index 01 is 
determined as Ss/2 samples from the end of the last available 

1 O sample in the output.. Now the samples which would be overlap 
added are between 01 and lf1. Search index (S1) Is determined as 
ct.*01. After an initial portion of the input signal is copied into the 

output, a determination is made of the moving window of samples 
from the input. The window Is determined around tl'le search index 

15 S1. Let the beginning of the window be .Si - Loffset and the end be 
Si+ Hoffset- In the first iteration, i = 1. Within the window, the best 

correlating So samples are determined using a Normalized Cross
Correlation equation given by: 

25 

30 

w h e re 

The lag k==m for which the normalized R(k) is maximum is 

determined. The best index Bi .is given by Si+m. Note that other 
,k 

schemes like Average Magnitude Difference Function { AMDF ) and 
other correlation functions can be used to find the best matching 
waveform. The So samples beginning at 81 are then multiplied by 
an increasing ramp function (although other weighting functions 
could be used) and added to the last So samples in the output. Prior 
to the addition, the So samPles in the output are multiplied by a 
decreasing ramp function (although other weighting functions could 
be used here as well). The resulting samples of the addition will 
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replace the last So samples in tl"le input. Finally. the next So 
samples which immediately follow the prior best matching So 
samples are then copied to the end of the output for use in the next 
iteration. This would be the end of the first iteration in WSOLA. 

5 Referring to FIGs. 15 and 16 for the next Iteration, we need to 
compute a new overlap index 02, similarly to 01.. Likewise, a new 
search index S2 and corresponding search window is determined 

as was done in the previous iteration. Once again, within the search 
window, the best correlating So samples are determined using the 

1 0 cross-correlation equation previously described above, where the 
beginning of the best samples determined Is 82. The So samples 

beginning at B2 are then multiplied by an increasing ramp function 
and added to the last So .samples in the output. Prior to the addition, 
the So samples in the output are multiplied by a decreasing ramp 

15 function. The resulting samples of the addition will replace the last 
So samples in the input. Finally, the next So samples whi.ch 
immediately follow the prior best matching So samples .are then 
copied to the end of the output for use in the next iteration, where 
future ;th iterations would have an overlap Index Oi, a Search ihdex 

20 Si, last sample In output lfi, and a best index Bi, 

FIG. 17 shows the tesult~pt output from the previous tWo 
iterations described with reference to FlGs. 13-16. Once should note 
that there is no overlap in the resultant output signal betWeen the two 
iterations. If the method were to continue in a similar fashion, the 

25 WSOLA method would time scale (compress) the entire speech 
signal, but there would never be any overlap between the results of 
each of the iterations. WSOLA time-scale expansion is done in a 
similar fashion. 

Several drawbacks or disadvanmges of WSOLA with resp~ct to 
30 the preferred method of the present invention (WSOLA-SD) become 

apparent. These drawbacks shoul.d be kept in mind as you follow 
the next examples of the WSOLA-SD method shown in FIGs. rn .. 23. 
A primary drawback of WSOLA includes the inability to obtain the 
optimum quality of time scaled speech because a fixed analysis 

35 segment size (Ss) is used for all input speech irrespective of the 
pitch characteristics. For instance, {the Ss was too large for the 
input speech signal, the resultant teech upon expansion would 
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include echoes and reverberations. Further, ifthe Ss is too small for 
the Input speech signa.l, then the resultant speech upon expansion 
would sound raspy. 

A second significant drawback .of WSOLA 'results when 
5 compression rates {a) are greater than 2, In such instanoe.s, the 

separation of the moving window between iterations may cause the 
method to skip s.ignificc1nt input speech components, thereby 
seriously affecting the lnteHigibiUty of the resultant output speech. 
Increasing the s.ize of the moving windows to compensate for the 

1 O non-overlapping search windows during iterations causes further 

skipping of some input speech as a result of the cross-correlation 
function and further causes. variable time-scaling that noticeably 
affects the resultant output speech. 

A third drawback of the WSOLA method involves its failure to 
15 provide a designer or user the flexibifity (for a given time-scaling 

factor (a)) with respect to quality of speech and complexity of 

computation for a given system having given restraints. This is 
particularly apparent because the degree of overlap (fl i.s fixed at 0.5 
in the WSOLA method. Thus, in an application that requires high 

20 quality speech reproduction, assuming adequate processing power 
and memory., the WSOLA-SD method of the present invention can 
use a higher degree of overlap at the expense of added 
computational complexity to provide higher quality .speech 
reproduction. On the other hand, in an application that is limited by 

25 processing power, memory or 0th.er constraints, the degree of 
overlap can be lowered in WSOLA-S0 so that the quality of speech 
is sacrificed only to the extent desired, taklng into account the 
partlcular application constraints at hand. 

FIG. 25 illustrates an overall block diagram of WSOLA-SD 
30 method. In this block diagram Ss,, f and a. are computed depending 

on whether we are compressing or expanding speech. This 

WSOLA-SD algorithm provides great improvement in the quality of 
reconstructed speech over WSOLA alone. The WSOLA-SD method 
is speaker dependent, particularly to the pitch of a particular 

35 speaker. Thus, a pitch determination 12 is done before an analysis 
segment sized is determined (14). For a given f and a (which can be 

modified dependent upon the pitch determination 12, providing a 
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modified alpt-la (16)), WSOLA-SD time scales (18) the speech. The 
time-scaling ~can either be expansion or compression of the input 

signal. Alternatively, frequency-scaled signal can be obtained by 
interpolating the time--scaled signal by a factor of a.. if ct > 1 or by 

5 decimating the time-~caled signal by a factor of 1 /a if a< 1. 
Interpolation and decimation are well known techniques in digital 
signal processing as described in Discrete Time Signal Processing 
by Oppenheim & Schaefer.. For example, assuming 2 seconds worth 
of an input speech is sampled at 8 kHz, where the si.gnal has 

1 0 significant frequency components between o and 4000 Hz. 
Assuming the input speech signal is time-scale compressed by a 
factor of 2. The resultant signal would have a length of 1 second, bot 
would still have significant frequency components be.tween o and 
4000 Hertz. The signal is interpolated (See Oppenheim & Schaefer) 

15 by a factor of a = 2. Thls would result In a signaJ which is .2 seconds 
long, but with frequency component between o and 2000 Hertz. 
Returning to the time scale domain can be achieved by decJmatlng 
the frequency compressed signal by a factor of ct =2 to obtain the 

original time scaled speech (frequency components between 0-4000 
20 Hertz) without any l.oss Of information content. 

Referring to Fl Gs. 18-22, timing diagrams for several iterations 
of the WSOLA-SD time-scaling (compression) method is shown in 
accordance with th.e present invention. Assuming that the input 
speech signals are appropriate.ly digitized and stored, FIG. 18 

25 illustrates the first iteration of the WSOLA-SD method on an 
uncompressed speech input signal. The WSOLA-SD method also 
requires the determination of an approximate pitch period of the 
voiced portions of the Input speech signal. A brief description of the 
pitch determination and how the segment size is obtained from It Is 

30 given below. , 

1) Frame input speech into 20ms blocks. 
2) Compute energy in each block. 
3) Compute average energy per block. 

35 4) Determine energy threshold to detect voiced speech as a function 

of the average energy per block. 
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5) Using the ·~nergy threshold determine contiguous bloeks of voiced 
speech of a length of at least 5 blocks. 

6) On each btock of the contiguous. voice speech found in step 5, do 
a pitch analysis. This could be done using a variety of methods 

5 including Modified Auto correlation method, AMDF or Clipped a.uto 
correlation method. 
7) The pitch values are smoothened using a median filter to 
eliminate errors in the estimation. 
8) Average all the smoothened pitch values to obtain an 

1 O approximate estimate of the speaker's pitch 
9) Thus, the Segment size Ss computation is given below. 

If pitch P greater than 60 samples .Ss = 2*Pitch 
If pitch P is between 40 and 60 samples Ss = 120 

15 If P less than 40 samples Ss = 100 
A sampling rate of 8 Khz , is assumed in all cases above~ 

A critical factor that provides WSOLA-SD with the advantages that 
overcomes some of the drawbacks previously described above in 

20 fhe description of WSOLA is the degree of overlap f •. If the degree of 
overlap f in WSOLA-80. is greater than 0.5, then this provides higher 
quality at the expense of more complexity. If the degree of overlap f 
in WSOLA-SD ls less than 0.5,. then this reduce.s complexity Of the 
algorithm at the expense of quafity. Thus, the µser has more 

25 flexibility and control in design and use of their particular application. 
Again1 referring to FIGs. tS-23, the WSOLA-SD method 

requires a time scale factor of a. (which we assume is equal to 2 for 
this example, where if a.>1 we have compression and if a<l. we have 

expansion} and an analysis segment size (Ss} which is optimized to 
30 the input speech characteristics, narntly the pitch of the speaker. An 

overlap segment size So is computed as f*Ss and is fixed in 
WSOLA-SD for a given pitch period and f. In the example shown, f is 
greater than 0.5, to show higher quality resultant output speech. The 
first Ss samples are copied directly to the output. Let the index of the 

35 last sarnple be lf1. An overlap Index 01 is determined as So. 

samples from the end of the last available sample in the output. Now 
the samples which would be overlap added are between 01 and In 
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as shown in FIG. 19._ The first search Index (S1) is determined as 

a.*01 as seen in FIG. 18. After an initial portion of the input signal is 
copied into the output, a determination is made as to the location of 
the moving window of samples from the input speech signal. The 

5 window is determined around or about the search index S1 .. Within 

the window, the best correlating So samples are determined using 
the crO$S-'Correlation equation previously described above, where 
the beginning of the best samples determined is 81. The So 
samples beginning at 81 are then multiplied by an increasing ramp 

1 O function (although other weighting functions could be used) and 
added to the last So samples in the output. Prior to the addition, the 
So samples in the output ar.e multiplied by a decreasing ramp 
function. The resulting samples of the addition will replace the last 
So samples in the input Finally, the next Ss-So samples whi.eh 

1 5 immediately follow the prior best matching So samples are then 
copied to the end of the output for use In the next Iteration. This 
would be the end of the first iteration in WSOLA..S0. 

Referring to Fl Gs. 20 and 21 for the next iteration, We need to 
compute a new overlap index 02, similarly to 01. Likewise, a new 

20 search index S2 and corresponding search Window is determined 
as done in the previous iteration. Once again, within the search 

window, the best correlating So samples are determined using the 
cross--correlatlon equation previously described above, where the 
beginning of the best samples determined is B2. The So samples 

25 beginning at 82 are then multiplied by an increasing ramp function 
and added to the last So samples in.the output. Prior to the a9dltion, 
the So samples in the output are multiplied by a decreasing ramp 
function. The resulting samples of the addition will replace the last 
So samples in the input. Finally, the next Ss-So samples which 

30 immediately follow the prior best matching So samples are then 
copied to the end of the output for use in the next Iteration. 

FIG. 22 shows a resultant output signal from two iterations using 
the WSOLA-S0 method. Note that there is a region of overlap {Ss
So) in the resultant output signal which insures increased 

35 intelligibility and prevents the method from skipping critical input 

speech components as compared to the WSOLA method. 
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Refet!ing to FIGs. 23 and 24, an jth iteration of an example input 
timing diagram and output timing diagram for time-scale expansion 
using the WSOLA-S0 method is shown in accordance with the 
present invention. The methOd for expansion essentially functions 

5 similarly to the examples shown in F !Gs. 18-.22 except that Oi, the 
overlap index, moves faster than the Si, the Search index. To be 

exact, Oi moves a times faster than S; during expansion. The 

analysis segment size. Ss is dependent on the pitch period of the 
input sp.eech. The degree of overlap can range from o to 1, but 0.7 

1 O is used for this example in FIGs. 23 and 24. The time scaling factor 
a, in this instance, will be the inverse of the expansion rate. 
Assuming the expansion rate was 2, then the time scaling factor a = 

0.5. The overlap segment size So would equal f"'Ss or the degree of 
overlap times the analysis segment size. Thus, .after several 

15 iterations of overlap adding and using an increasing ramp function 
on each best matching input segment and using a. decreasing ramp 
ft.mction on each output overlap segment, prior to the addition, the 
input speech signal is expanded as the output speech signal that 
maintains all the advantages of WSOLA-SD as previously 

20 described. 
Further improvement is obtained by dynamically adapting the 

segment size Ss in the WSOLA-SD algorithm with the pitch of the 
segment at that instant. This is done by a modification of the scheme 
explaihed previously. If we use a short segm.ent size of Ss = 100 ( 

25 sampling rate 8 Khz is assumed) for unvoiced speech sounds their 
quality is improved and for voiced speech the segment size will be 
Ss = 2*Pitch. Also a. few changes are necessary to determine 
whether the speech segment Js voiced or unvoiced. The method with 
these changes is described below. 

30 
1) Frame lnput speech into 20ms blocks. 
2) Compute energy in each block. 
3) Compute number of zero-crossings in each block. 
4) Compute average energy per block. 

35 5) Determine energy threshold to detect voiced speech as a function 
of the average energy per block. 
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5) Using the._f.mergy threshold and zero-crossing threshold 
determine contiguous blocks of voiced speech of length of at least 5 
blocks. 
6) Do pitch analysis on all the voiced. segments and determine the 

5 average pitch in each of those voiced segments. This could be done 
using a variety of methods inc.ludlng Modified Auto correlation 
method, AMDF or Clipped auto correlation method. 
7) The segments that are not marked as Voiced speech are now 
marked as tentative unvoiced segments. 

1 o 8) Contiguous blocks ofat least s. frames in the 1tentative unvoiced 
segments' are taken and pitch analysis Is done. The ratio of the 
maximum to minimum correlation coefficient is determined. ff the 
ratio is large then the segment is classified as Unvoiced or If it Is 
small these segments a.re marked as voiced and average pitch of 

15 those segments are determined along with the start and ending .of 
the speech segment. 
9) Segment size Ss for each of these classified speech segments 
are determined as follows. 

20 If Voiced Ss ""2*Pitch 
If Unvoiced Ss = 1 oo ( Sampling rate o.f a Khz is assumed) 

10) Now WSOLA-SD method of time-scaling is done, but with a 
varying segment size. Here the position of the input speech segment 

25 used In the processing at each time insta.nt is determined. 
Depending on its positi.on, the segment sizes Ss already 
determined is used in the processing. Using this technique results in 
a higher quality time-scaled speech signal. 

If WSOLA-SD is used to do both compression and then a 
30 subsequent expansion on the same speech input signal as in the 

~ .. ~ 

case of our communication systern, the quality of the reconstructed 
speech signal can be further improved for a given average time
scale factors using several techniques. 

From perceptual tests, it can be seen that a speech signal 
35 which has a higher fundamental frequency (lower pitch period) can 

be compressed more for a glven speech quality as compared to a 
speech signal which has a lower fundamental frequency (higher 
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pitch period).,.For instance, children and female speakerswm on 
average have'a higher fundamental frequency. Thus, their speech 
can be compressed/expanded by 10% more without noticeably 
affecting the qualify of their speech. Whereas male speakers who 

5 have speech on average With a tower fundamental frequency, can 
have their speech compressed/expanded by 10% less. Thus, in a 
typical communication system having roughly equal number of 
speakers having higher and lower fundamental frequencies, an 
overall improved qualify in the reproduction of speech is obtained 

1 O with the same compression/expansion (time-scaling) factor as 
before. 

Another characteristic of expansion and compr~ssion using this 
technique leads to further enhancements. For instance, it was 
noticed that most of the artifacts in the speech are produced during 

15 the time-scale expansion of the speech signal. The more the speech 
signal Is expanded the more the artifacts. It was al.so observed that if 
the speech sighal is pla.yed back a little faster (less than 10% } than 
the original speech, the change in speed is'hardly noticeable,. but 
with a noticeable reduction in artifacts. This property helps expand 

20 the speech signal with a. smaller expansion factor ar,d thus reduce 
the artifacts and improve its qualify. For example, if the input speech 
is compressed by a time-scaling factor of 3, then during expansion it 
would be expanded by a factor of 2.7, which means that the speech 
will be played faster by 10%. Since this change in speech rate will 

25 rrot be noticeable and reduces artifacts, if should be implemehted in 

the method of the present invention in applications where the 
accuracy of the speech is not absolutely critical. 

What Is claimed is: 



IPR2020-00033 Page 00229

PT00600U 

cIa1ms 
1. A method for compressing a plurality of voice signals within a 
voice communication resource having a given bandwidth within a 
voice communication system, comprising the steps of: 

A~ · the voice co · Ion resource and 
o' / simultaneously placing at least of each of the plurality of voice 

~ignals on a subcha.nne · cJ 
6cr_...> (h) m.a;ipreesil::ig 11:10 Urne or eac++-of the smicc sisnal~ 
~ the subchttnRels wbete1n ttie r:eo1:llt ef etepe (a} aA'1 (b} 

1 o pro>«idas a eeffl~Fe&sed ugiee si~rtal1 

15 

)'• The method of claim 1, wherein the/4ep of subchannenng 
further comprises the step of placing p lrs of the plurality of voice 
slgnals .on a subchannal using singl sideband modulation. 

y. The method of claim 1, whe n e step of subchanneling 
further comprises the step of rn t1 . ating each of the plurality of voice 
signals about a plurality of pil signals within each of the 
subchannels within the voi 

20 If_ 
l., The method of clarm t, wherein the step of subchanneling 
further comprises the step of usjng quadrature amplitude 
modulation. 

' 25 [ The method of claim 1, wherein the step of compressing the 
Ume of each of the voice signals further comprises the step using 
time-.scale compression on the voice signals. 

1t The methocf of claim 1, wherein-the step of compressing the 
30 time of each of the voice signals further comprises the step of using 

Waveform Similarity based Overlap-Add (WSOLA} time compression 
on the voice signals. 
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;I. The method of claim 1,_ wherein the step of compressing the 

tlme of each of the voice signals further comprises the speaker 
dependent steps of ide't1tifylng pitch periods within each of the voice 
signals and transmitting data from one pitch period to after a time .. 

5 scaling factor. 

,6 
/ The method of clairn 1 . ., wherein the step of compressing the. 
time of each of the voice signals comprises the step of using a 
speaker dependent modification of the Waveform Similarity based 

1 O Overlap-Add {WS.OLA) time compression technique on the voice 
signals. 

11_ A method lot compressing a plurality of voice signals wHhln a 
voice communication resource within a voice communication 

15 system, comprising the steps of: 
jr.~S. IJlf(aJ ee"~~ressing the bandwidlti or plUrallty or voice. 1ig11als by 

..s1.11le!ala1 ,fl ell Ag tbe HOiGB COi i hi I0nlcatlOi I f esou, ce l!All FRQQ1.1tating 
easl=I ef the plt1rality ef i.eiee sig1 ,als about e plt1rality ef pllet si91 ,als--

25 

30 

tFaASl'flission via a VSR&n:Ji:tter. 

i 1 
,i. The method of claim J( wherein the method further comprises 
fhe step at the transmittelof transmitting the compressed voice 
signal to a plurality of selective call receivers. 

d ,i 1 -![ The method of claim ii, wherein lhl! method further comprises 
the step of receiving the fumpressed voice signal and demodulating 
the compressed bandwidth signals at one of the the plurality of 
selective call receivers. 
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17 A communication system using voice compression having at 

{east one transmitter base station and a plurality of serect;ve call 
receivers, comprising: 

at the transmitter base station: 
5 an input device for receiving an audio signal; 

a processing device for compressing the audio si.gnal using 
time-scale compression and a single side band modulation 
technique to provide a processed signal; and 

1" ~s. jS~ transmitter for transmitting the processed signal; 
1 O at each of the plurality of selective call receivers: 

a selective call receiver for receiving the transmitted processed 
signal· 

~St~/4 processing device for demodulating the received processed 
signal using single side band demodulation and time-scale 

15 expans.lon to provide a reconstructed signal; and 
an amplifier for amplifying the reconstructed signal into an 

reconstructed audio si.gnaf. 
" .f ~ Jy Y'· The communication system of claim -!Z where.in the single sideband 

20 'modutation technique provides for the transmission of a single message 
split between an upper sideband and a lower sideband. 

/H .. 
J,4· The communication system of claim J 2, wherein the single 
sideband modulation technique provides for the transmission of a single 

•25 message repeated on an upper sideband and lower sideband. 

>5. The communication system of clai 12, wherein the system 
further comprises: 

at the transmitter: 
30 · pilot carrier signal genera r o serve as an amplitude and 

phase reference for distortion t urs as a result of channel 
aberrations; 

at the receiver; 
a receiver circuit fo detecting, .. filtering and responding to the 

35 amplitude and phase r: ference generated by the pilot carrier signal 

generator. 
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;J · 44 t A sel~ive call receiver for receiving compressed voice signals, 
comprising: · · 

a selective call receiver for receiving a transmitted process.ad 
si.gnar that includes compressed voice signals that have been 

5 ~pressed using time-scale compression; 
1rl\S. t3f 7 a r,rsseesing dollies to, demodulatftt~ the reeeiued prooeeeeei 

sigAal 1 ,sing single side eaF1e elemoe1::datieA and tiffle sgale 
. p . . . 

J,AJ • ~n amplifier for amplifying the reconstructed signal Into an 
1 o reconstructed audio signal. 

15 

t7. The selective call receiver of aim 16, wherein the selectiVe 
call receiver further comprises: 

a .receiver circuit for detect 
amplitude and phase referenc 

,. taring and responding to the 
nerated by a pilot carrier signal 

generator in a transmitter at base station. 

{i. A selective call paging base station for transmitting selective 
'l.lf:,. 

call signals on a comrnunica.tion resource having a predetermined 
20 bandwidth. comprising: 

an input device for.receiving a plurality of audio signals: 
a means for subchannellzing the communication resource into 

a predetermined number of subchannels; 
an amplitude compression and filtering module for each 

25 subchannel for compressing the amplitude of the respective a.udi.o 
signal and filtering the. respective aud.ro sJgrial i; 

a time compression module for compressing the time of the 
respective ~udio signal for each subchannel; and 

a quadrature amplitude modulation transmitter for transmitting 
30 the processed signal. , 

Jj . . . . Ii f s{ The selective call paging base station of claim 18, wherein the 
./~put device for receiving a plurality of audio signals' comprises a 
paging terminal for receiving phone messages or data messages 

35 from a computing device. 
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.~ The seteetive call paging base station of claim 1il, where.in the 

/amplitude ~mpression and filtering module compri;es an anti-alias 
filter coupled to an analog-to-digital converter coupled to a band
pass filte( coupled to an automatic gain controller and clipper circuit. 

5 a N 
'j{. The selective call paging base station of claim JS~ wherein the 
time .compression module comprises a processing device for 
compressing the audio signal using a time-scale compression 
technique. 

10 /f; , if The selective call paging base station of claim ~/8. wherein the 
time compression module comprises a processing device for 
compressing the audio signal using a WSOLA time compression 
technique. 

15 'k A selective can receiver unit tor receiving compressed voice 
selective call signals, comprising: 

a receiver having a analog to digital converter for providing a 
digi~ed received signal;· 

20 .J "6-#;6 digital signa! pCQgessortor f)e1 fon niug single Sldebt:trtef 
.Eleff1edt1latieR acd at least Ofie or ti ,e fur ;etieR& 9f tilter:iRg a ~ 
carder, perfoi=rAiAg a1:1tematie gain eont, ol t:Jsing a feedfeFwa~~ loop, . 
GF-eeeom19et1ain§J of tf;le digitized reeeived sit,r,e:I to pra~ddod a--

.,JaFeeessed sigRlll; and , 
25 a digital to analog converter and reconstruction filter for 

converting the processed signal into a digitized audio signal; and 
an ampUfier for amplifying the digitized audio signal. 
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·_/L..r, r·-·• . . ·• A communication base .station, comprising: 
a terminal for receiving an audio speech signal; 
an analog to digital converter for converting the audio speech 

signal into a digitized, speech signal; 
5 a digital signal processor for processing the digitized spe.ech 

signal by performing the tunction of splitting the digitized speech 
signal and at" least one of the functions of bandpass filtering, 
automati.c gain control , tirne scaling. companding, or .buffering; and 

a transmitter having at least a Hilbert transform filter coupled to 
1 o a digltal to analog converter coupled to a reconstruction filter 

coupled to a quadrature amplitude modulator which Is coupled to a 
radio frequency power amplifier. 
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WOICE COMPRESSION METHOD AND APPARATUS IN A 
CO.MMUNICA TION SYSTEM 

Abstract of the Dtsclosure 
5 Q_ 4 J•r·•· The present Invention compl'i$e a method for compressing a 

'J O \" plurality of voice signals within a v ee communication resource 
(See FlG •. 6) having a given band idth within a voice communication 

.r system.. The method comprises e steps of subchanneling the volce 
communication res.oorce {441, 42,443) while placing atleast one 

1 o of each of the plurality of voi signals on a subchannel and time

scaling (18) each of the voi signals within each of the 
subchannels, wherein the steps provide a compressed voice 
signal .. 

15 
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I befieve I am an original, first and Joint inventor of the subject matter which is claimed and for 
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COMMUNICATION SYSTEM 
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A copy of the art listed below is enclosed. herewith, unless the art is 
cumulative as noted below or the art has been cited in a prior application from 
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application noted below. 
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a representation that a search has been made, an admission that the in.formation 

cited is,. or is considered fo be, material.to patentability, or that np other material 
information exists. Further, the filing of this Information Disclosure Statement 

shall not be construed as an. admission against interest in any manner. 

Pursuant to 37 C.F.R. § 1.98, as amended March 16, 1992, no explanation of the 

relevance of the English language references is presented. 
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AN OVERLAP-ADI> TECHNIQUE BASJ;D ON WAVEFORM SlMILUtrf (WS()u_ •· 
FOR mGH QUAUTY TIME-SCALEMODDlCATION OF SPEtat J 

w,,,,..,. VERHE/,,$f:d1U/Man: ROELAND$ 

Vrlje·Uni.vcnlteit'Bntasel 
Faculty of Applied Science. dept, sn«>IDSSP 

Pl.Sun 2. B•IOSO Bnmdl 
Belgians 

ABS'l'RA.Cf 
A •concept of ••vefonn aimUaricy is proposed for tackling tho 
problom or tirne«-le mCKUric.ation of ~. and i, worked· 
out in lhe context of ahon•Jime F®ricr transform 
reprcsenia,ions. 
'I'he fe$U)firlt WSOLA algorithm produces high quality speech 
output, it algorithmically and ccxnputatiotlally effieiCJJt and 
J"Pbusf,c .and allows .ffit on•1inc prccc.tsing with arbitrary ttmc,. 
,ca1in1 factors that may be specified in a rime-varying t'oshion 
and tl'lat ell\ be chosen. over • wide continuous ranac: of values. 

L INTROl>lJC1lON 
Algorithms for high quality time-scale modificasion of speech 
.-c import.tnt ·fof appl.icatiom such as voia,•mail and dictation• 
tape, playback Qr post synchronization of film and video, whert; 
the potentiality of contr0Uing the appamit speaking J'.~ is a 
desirable fcahl:re. The ptQb.lem with timc-$Caling a speech 
tipal ~n) lies ui'Malising the specifled time-warp function 
t(n) in such a way as .to affoct thc1ppuent speaking rate only, 
ptesCtVing other per=ved aspects such as timbre, voice 
quality, and pitch. We \riill therefore consider in this papc,- ·that 
the .ideal timc~g algorithm. shculd prcd\lce • synthcti~ 
v;ave(om,. >(,s) that maintains mwmal local simwQ:ity to the 
ol'igusal wavef'onn .x(m) in comspondin& neighbourhoods of 
"Iatod sample indices n :; t(m). This could be exprei$0Ci 
mathematicallyu 

Vm:)'(IH'l(m)).w(n) <= 4n+m).w(n). (t) 

where w(n) is • windowing fune1ion. and the symbol •1:1• is 
defined to bold the rather va,ue meaning '.mu.irnally similar 
to•. 
Anuuun, that the relation of mwmal similarity persists after 
Fourier h'lmfotmation, 1111d defining the short-rime Fourier 
trwfonnX(co.m).of'a scquence.x(m) by 

X(o,,m)• I *+m).w(n).c-Jaot. -expreaion (l) can be rowrilteo as 

f(m,1(111)) =' X(co,m). (2) 

1t ft cboose the et'fcctivelength of lf(ir) in (l) ID.,. 
enc pil'Ch period.. • can expect 1hac the ·iq,qnw • '
chArlctcristi(:I of the _•iaul can rmtain fairly -n.::
timc~ operation,~ that f(fl,'11) i:aa t. ~ 
in ~ wjth. ~itablc •imilarity fflCaS1n. 
In 1eneral, rinding In operatign.at definlfioq for...,., ~ 
amounts to ~l)'ing the thne-scalinJ. ~- ...: 
marupulatiC111 of short-time Fourier transform•. Sectiaa 2: 
Utis pa,- discusses SC>me of the P",)biems ~ .... 
approach ·tmn_ in algorithms of tho overlap.add (Ol.4) 11111 
syncbroniD(l overlap-add (SOLA) tndit-. 5«1ica J. 
inttodi.u:es our. WSOLA ~ u a nriant iii •ha 11111 
expli¢itly pursued the idea of m~g cp#'ltiaftal ·!Jtc .._ 
notion of maximal local waveform similamy. , Jcblt 
concluding t~ paper. we indicate in sc:ctlon 4 that wsi;u 
produces • na1'11ral sounding ourput· and a all(lrithmieilly .. 
computationally cfficiC!J)t and robust, atld allows ro, 1111-lill 
proc:o,,sing with arbitrafy time-scaling factan t1w may " 
specified in a time'-varyirlg fashion and can be claal ovw 1 
widecanJinUOUl range ohalaes. 

n. 'l'JMUCALE MODD'ICA1lON BASED ON OLA, 
TECHNlQUES 

Let X(c:o,-r1(LJ) repraw a.down-sampled \IClliOlfc>ftho • 
tim• Fourier ttansfonn (STFT) of the input ligna) l'(n), aD4 
llSfWllC we force • to rcpn:scnt strict CCJU'li'Y in equation (1) 
by specifying the 2~ensional mnc:tian 

f(a,,£.) • X(m, ~Cl.a». (3) 

Ir will be clear that, except for 10me trivial cues sucla II w,(11) • 
0 of ".(m) • m, there will not ,encrad'y oiiJt a $Qlutie)D for 
equation (1) with equality n:quired. Thii bnplies !Mt then will 
not generally ~-• a signal ji(n) tbai bu f (•.L,> • •• S1'FT 
ot,equivalently,that i<•,£.> knot valid uaSTFT. 
'This kind of problem is liable to occur whenever tile intent is ID 
crate a 1-dimensioml signal by construc:tin.l a 2-dimensiOIIII 
S'I'FT ~tation ot it. As a possible sohltion. die OYCrl.
.&:l technique [1) ~ to synthesbe I ligml ;;(n) -.,hose 
stFr f(co.La) Is as closo u pouiblc fQ tho desired f(•.L.> ill 
the least--squarea (LS) senso. 

Il-554 

0-7803-0946-4/93 S3.00-c.-,l 993IEEE 

To avo' 
wavefor 
repilffl1 
befcp 
syncmc 

in a le· 
1tC cl 
coef['u: 
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()l(Ol,A· 

,J_t,.## . __ .,._ 
..,.-c:• 

" 

est• 

In cue i <• .£, l Js a limo-wmped S"JFI", U in (3), the 
c.urapoacling syntbcsil equation becon\es 

I Y(11-Zt>-x<11+'f"'<4>-4> 

,CII)'" • !-<11-4) (4) ... 
wt,a,c 11(11) = w'(11) ii a windowing function llld lhe La ,epresent 
lillllSClllive window positions. The basic OLA-tyndicsil 
lpCrllian (nuai'fllllr of eq. 4) then CClllists of CUiiing-out iltplt 
lqllllllll araud ualysls illltlllts -r'<La). and repositioning 
eaa II CIIXl'CIJ)Qldin synthe,is iils111111 La before lddlna diem 
IDpdae:t to Corm the Oll!pat 1ignll. Wbilc it can be DOied 1h11 
lhiahlforwanl ~ian or the OLA proc:odure to the lime
...,.i S1FJ' i<•.£,> camsponds to .inlerJ)fttlna 1:1 u 
'lauimally close In LS-RDSe' ln Y(a,,LJ ta:1 X(m,T"'(L.)} (a 
....... led venian of eq. (2)), it WO!Jld not be an appropriate 
diilicc ill 1bit case. It WU sbOWD .in (2) lllat tbis is DOI due to 
6t01.A proeedure ilHlf, but rather to the choice that was made 
irf1a.L,), lildoed, it wu expressed inc,q. (3) that individllal 
-,at teplai!J JIIOllkf ideally .conapond to. input IClfflenlS 
fllln becn repositioned IICCafclinJ 10 the cleliiecl lime-wup 
la1imi. Al a re,ulr, the OLA pioceduro in eq. (4) does 
...._ Ille individual input segmcms wilfl n,spect to ad! 
• (dallo,YUI& original phue relatiOIWlips in the proce11) 
•~ the OlllpUt lignal by intelpO!atin& betWffl1 these 
liiuped Mglllellts. The rosulting distortions are dclrimental 
., lipal quality uc1 uc WUS!ralod in rigu,e 1. 

ll-555 

, ,a"P n,:,,e r ' "tkr iifft ~ . 

}:Y<n-l, + A,)..r(11+<'(4)-.C,+ A,) 
y,,_,(11):.c;tr:r ...... ---.,,,_ _____ _ 

I\1(11-I.,+4,> -Another Conn of ~lan .it oblainDd by l!'Plying 
time-domain pitdl-c)'IIChromt.ed OLA ledmiqlle (l'D-PSOL, 
(3]}. In !hat c:uc the OLA pnx,edure ii pcdonned piteh 
l)'IICMIIIOIIII)' (i.e., l.t-Lw equals Ille Joeal pitch period) c,r, 
aegmcnts that a,e, .-din.gly, ~ltccl in a pitch sync:hrclv,!ul 
way from an oriainal .1(11). 
We can 1bU1 observe Iha! both SOLA 111d TD-PSOLA 
recopize tliar a aolcrance A, i.s aeodod in Ol'der to Cftl1lnl .poper 
ICJlllffll aynchronization in OLA ayntheail: whlle SOLA -
this ~ to allow tor post-aynchrmilzatlon in 

?(Cll,4+4.). X(Cll,'f_,(l.,)), 

TL>-PSOLA uses it in a ~ian step to obiain a 
pitch -,ncJuonous STFT OIi bolb aides of 

f(CII,£;) - X(CP,t"1(£.)+A.). 

(6) 

l A boner malbcmatical r=clering of the WCllded IIICIIWII 
,i,ollld have beal possible by usin& 

'9'n,: ,<11 + m).w(n) c> .&(11 + -r'(ill} + A,).w(n) 
illsfcad of eq. (1). 
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Ib cose Y(w,t,) Js aw time-wesped STFT, as in (3), the

Lr“bleh)-4)

, a

: where v(m) = w'(n)is a windowing function and the L, represent
74wmsecutive window positions. The basic OLA-synihesis
¢ eperation (nun!-rator of eq. 4) then consists of cufting-out input
} segments around sunlysis instants T'(L,), and repositioning
t them at corresponding eynthesis instants L, before adding hem

i together to form the output signal. While it can be noted that1 tightforward application of the DLA procedure to the time-
span at Yeast 1 ¥oowwped SIFT Y(e.2,) corresponds t interpreting © as

Lat | ‘matimally close in LS-sense’ in Fil.) & X(e,r4{,)) (a
rected by the : tow-sanipled version ofeq. (2)), it would not be an appropriate

te | Choice is this case. Tt was chown in [2) thet this is not due to
' { te OLA procedure itself, but rather to the choice that was made
een | fr Tim.,). Indeed, it was expressed in eq.(3) that individual
mn bud @ : Guipsl segments should ideally correspond ip input scgmenis

Section 2 of i tui have been repositioned according to the desired time-warp
weed fection. As 8 result, the OLA procedure in eq. (4) doesd (OLA) = | Rpcaition the individial input segments with respect t> cach

Section 3 { ster (destroying original phase relationships in the process)
in which t td constructs the output signal by interpolating between these
jibe eactiiee =] Malipned segments. The resulting distortions are detrimental
y. Br fevignal quality and ave Mlustrated in figure 1.
ght WSOLA it ” f
for eS taau on )gone ow i

i

one A
ae
al aol

e EE)OAcyihestfrom the time-warpedSTFT does not
replicete the quasi-periodic structure oftha original

o ? signal (a)in its output (b).
aunt! want Pitch peciod discontinuities or phase jumps at
own ining joins, [2] proposes to realign cach input _-
ee te ote ready formed portion of the curput signal
ees meegmitt the OLA operation, The resulting
i OLA Algorithm (SOLA) thus produces the signal
ae noehtAbateKL)-L+4,)
a L548) ‘
ines

‘ ”

oTfain, where shift facies A, (€{-Se-Ael)
ba "2 & to matimize the cross-correlation

Wem1+ AJxin+ rl.) —L,+4,) and

11-555

 
 

Sin,+h).x(n4r')-L,+,)
Jaln)= :

v(n=L,+A,)

Another form of synchronization is obtained by applying
time-domain pitch-tynchronized OLA technique (TD-PSOL:
(3). In that case the OLA procedure is performed pitch
synchronously (i¢., LnL,, equals the local pitch period) or
segments that are, accordingly, excised in a pitch synchronous
way from an ariginal x(7).
We can thus observe thar both SOLA and TD-PSOLA

recognize that a tolerance A, is needed in order to ensure proper
segment synchronization in OLA rynthesis; while SOLA uses
this tolerance to allow for post-synchronization in

¥(,1,+4,) = X(on,27(0,)),

TD-PSOLA uses it in a pre-synchronization step to obtala a
pitch synchronous STFT on both sides of

F(w,E,) = X(@,0L,)+4,).

I.WSOLA: AN OVERLAP-ADD TECHNIQUE BASED
ON WAVEFORM SIMILARITY

Tt was shown in the preceding section that, if an OLA synthesis
procedure is to be used for time-scaling, one should allow for a
tolerance on the time-warping fiction that will actually be
realised. In fact, this tolerance can be seen to give concrete
form to the words ‘corresponding ntighbourhoods' that were
used in the introductory section to state that ‘the ideal time-
scaling algorithm should prodoce a synthetic waveform y(n)
that maintains maximel Jocal similarity mo the original
waveform 1(s) in corresponding neighbourhoods of related
sample indices n<-t(m)*2
Like TD-PSOLA, WSOLA uses this timing tolerance for
specifying the inpu! segments that are to be used in the OLA .
procedure, Therefore, in both cases the basic synthesis
equation is

Trh)xtneT+4,-L)
wl wand)

While in TD-PSOLA the A, are chosen such that pitch
synchronicity is maintained, WSOLA uses therm to ensure that
the time-scale modified waveform can maintain maximal

similarity to the original (natural) waveform across its segment

(6)

joins, In other words, WSOLA ensures sufficient signal
continuity af segment joins by requiring maximal similarity to
the natural continuity that existed in the input signal. Based on * ~

 

1, bener mathematical rendering of the intended meaning
would have been possible by using

Wau: y(n + m).win) & x(n + tim) + AD.w{n)
instead of eg. (1).
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IPR2020-00033 Page 00245

d1ia idea. a ~ccy of ... pracdcal i.!nplemmtattons cu be 
~. "Die opt;tatian ot • ~ version ot the WSOLA 
technictue il illlllb'afticl in figwe 2 lDd nplained below. 

(J) (t') . (2) (2') 

Z(ft} 

z.... -~ 
Fl•, 2. llllllllVdim, <fa WSOLA oftorilhm. 

By cboosinJ regularly spaced synthesis instants La • tL .and • 
syaunclrio window llich that l 

_Iv(n-lt)=l• (7) 

" 
synthocis equatioo (6) 1implif"lCl to 

,1(n)=-_Iv<11-.tL.),~,s+T'"1(tL)--.tL.+A•)• (8) 
A 

Proceeding in • left-to-right flt$Jdon. usumo se1111ent (1) from 
fipnt 2 was the last sepent that wu excised from the input 
and added to • O'lltpJt at rime insqnt 4,.1 • (1:-l)L. i.,. 
segment (a) = segment (1). WSOLA then needs ro rmc1 a 
te_,_.J (b) that will overlap,,add with (a) in • synchronized 
way ancl can be e:xclsed from tho input mound time instant 
1'"'(U,). As (l ') WOllld overlap-add with (l) = (a) in • natural 
waytof~ • por1ion.ofthe oriainalinput speec:a, WSOLA can 
Nlect (b) ·sueh that it ""1nbtes (l'). u closely .u possible and 
is located widwl tho p.re,mbed tolet"IIMe inlffl'll an:,und 
r(.tL) bi dte input wave. The position of tlUl besr acgment (2) 
is found by muimizmg a similarity measure (such q the c:ross
c:m"elatioa ot ·the CMSS-AMD.F) ~ the •ample sequ~ 
underlying (1') and the input iipecch. After overlap-adding Cb) 
with (a), WSOLA pn.,ce,eds ro ·the, next oulpllC Kgmt::nt, where 
(2') now plays the san,,e. role as (1 '), in the previous seep. 
Figuie 3 illustrates in men detail how the position of a best 
sepient at is determined by rmding the value 5 = A,. that lies 
within • tolerance n:Jica l·.A..-A-1 llrOlmd 1"1(111.L) and 
mw.anizes the ch01¢il similarity measure c(mJ) with respect to 
the sipa) portioa that would (Qffll • natunl continuation for the 
previoasly chosen~ m-1. 

2A 30 ms .banning window wirh ~ overlap, for example. 
satisfies this coadition .and is a fairly standatd cJtojco, 

sf 

... 
F'IJ, 3. lllustl'tltio,, of similarity.__ . 

~;.,,. inWSOIA. _,... 

N ~I the.~ length, ·IOffle Qlllpaft .. 
incuura thtt* be applled~Dy vc: --. 
• • crou-conelation caeff'acient 

N-1 

c,(m,3)=~x(,wr'((ns-I)L)+A...t +L)...¥{,.+r(ll()•IL 

• • nonnali.sed cross-com:lation coefficient 

c (m,5) = c m,3) 

" (~.r(n+'r'"1(ml.)+&) • 

• or• eross-AMDP coefticlent 
N-1 

c,..(m,6) = ~f.nn+'C""'((m-l)L)+A_. +t)-z(n+r(""-l•il 

IV, EVALUAnON 
The perfonnance of WSOLA wu ovah.atcd in lllalfflt 
infonn~U~t hllts (many of them OOllcetned WSOLA wi6 
1J> JU banning windowinJ. ~ overlap, A...• .S ms. r.(iil.l} 
or cA(m,&), and l O tH:& 1ampling hquency). For all timf. 
~, factors tested ('t(I) =: a.r. with cu [0.4 .. 0.7) v UJ • 
2.0)) we •found die raulting spe«Ja. quality to be very high -, 
IO be ,obu,t ag~f background noiMr,. inclwflllC COlll.pClinc 
voices. (Figure 4 shc,w1 Ill example outpUt waveform.) 

,.,-~ 
Fi1, 4, (a} oritinal spndtft'atmtnt, (I,) comsp""'1inl WSDLA 

Olltplll waveform WMn ~d"'1wn with a:• 0.6. 

n-556 

a l,Q .. ) .• -... , .. ¥ .· ~, - lip. e .. _ .. _.,._, __ ,,_ 

1'1)-~ 

dift\C\ 
.a,.pt: 
syllC}, 

wwl< -~ wh\d 
il&tet --
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;. 

' 

As mwioned bcfcn. -y variants of lbe buic WSOLA 
IIIIClmiqlae are l'O"ible. n-e eu be COIIIINCted lor eumple 
1ly vll)'ini the windowing function, lbe similariry m-. 0( 

Ille particn of .l(n) dial is IO IC!MI as tbt reference far natural 
lip! IXllllinllily. 1llis daipi ffc111liJiry "11 be ued to 
ap!imiie the .algorilllm ror jmplemcntation on a given tarsct 
ty11an. We found tut all tested vuilntt of the alpltbm 
povldcd similar high qualiry, &om wbicb we coocluded dlat 
--Conn-similariry is • ...i powcdul pinciplo for timo
a:aliaa, A, 111 aunplc. figure , illul:ma die robus111es. or 
WSOU. against die choiee of distw,e measure. 

~-- l _,_,.,., 
-lO -:, 0 2S 

Fis- S. Hutotrani tftlw di/1,retra INIWffff "1Jgnme,,t 
,-,ieJerl A.t>IJtaiM4from cJm,1,J ondfrolfl cJ,n,1,J. 

S) 

~ SOU. Alld TD-PSOLA will poducc an .-Jly high 
.,_. q,ia!ity "1ICII operated properly, they each pmcnt some 
-,..llltaga compvod to WSOLA. Table 1 Sllllllllarius a 
~ comparison ~ !he tllrce naclhods. 

--- ,W~IMdC,,,~ .... 
....... --·- - - ,. 

...;- ·:-,, low lilllt ..,...., 
.._ ... lilF ~ ........ lilllt /Jjfl> la# 

• • b I GSM 

• 
PSOLA.. It qn be noted that die vlrilllt of TD-PSOLA !bat 
wu COlilidered w, be operated ill mllCh the aamo way u a 
pitch ewtecl vococl~ f4J. Whilo 11 oculd comcquenity be uec1 

for a IDffl ,enml prosodic .modification 1>f apeech, ii n:maw 
true that. WSOLA wt be )lfflemcl wlxln only lime.-le 
moditicarion needs to be performed. 

CONCLUSION 
A c:on~ of wavefOffll Jimillrity wu proposed for tackling lbe 
problem of limweale mocfifieation ol spocch. 111d WU WO!bd· 
out in the canal of STFT m&llipulllioll. ' 
The rewlting WSOLA algorithm is deslped in the lndilicn of 
the OLA, SOLA aad TD-PSOLA tochaique,, aad providel hip 
quality Olllpllt apecch with high algorilhmic and compulatioml 
effic:iency and robmtness. 
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Chap. 3 

be equal 

(3.59) 

11/T. A 

on the 
>US-time 

y 

(3.60) 

of Ai.e.. 
(3.61) 

(3.62) 

have the 
rprelthc 

(3.63) 

sampled. 
-polation 
·ormally, 

(3.64) 

roc:alin1 
pan (a) 
ha "hal(. 

Sec. 3.6 Changing the Sampling Rare Using Dlscr~TUTie Processing 101 

---------------·----------, 
I I 
: .-------- I 

1 lin(w(M + 11/2) 

x(nl 11 M+1 sinfw/21 l y(n/ 
1 1 •IIJIA 3.16 The 111ovill1 •vera&e system L------- ___________ ---' "'l'resentcd uacuc:ade oCtwo s)'Jb:mL 

The noninteger delay represented by Eq. (3.64) has considerable practical 
significance since such a ractor often arises in the frequency-domain representation of 
systems. When such a tenn is found in the frequency response of a causal discrete
time system. it can be interpreted in the light or this example. This interpretation is 
illustrated in Example 3.4. 

Example 3.4 Mo•iq A,erage 

In Example 2.15 we considered the movin1 average system and obtained iu rrcqucncy 
response. For the case M, = 0 and M 1 - M. the rrequency response is 

H(ti") _1_ sin(t.rl(M + 1)/.?) •J-M/2 

.. (M + l) sin(wi2) # • 
twl<1t . (3.65) 

Let us interpret this as the cascade of two systems. as indicated in Fig. 3.16. The lint 
system imposes a frequency-domain amplitude weighting. The ,econd system tepreSents 

the linear phase term in Eq. (3.65). Ir .W 'is an even integer (meanillg the moving average 
of a.n odd number of samples). then the linear phase. term c:orresponds to an integer delay, 
i.e., 

y(n] ... w[n - M/2]. (3.66) 

Howev~. if M is odd. the linear pbase term corresponds 10 a ooointegc~ delay, 
specifically, an integer plus one-half sample interval. This iloninteaer delay can be 
interpreted in tcl1ll$ of the discussion in Example 3.3; i.e~ y[n] is equivalent to 
bandlimited interpolation of w(11J followed by a continuous-time delay of MT/2 (where 
r is the assumed but arbitrary sampling period associated with the 0/C interpolation or 
w(nJ) followed by C/D conversion again with samplin1 period T. 

3.6 CHANGING THE SAMPLING RATE USING 
DISCRETE-TIME PROCESSING 

We have seen that a continuous-time signal :ch) can be represented by a discrete-time 
signal consisting of a sequence of samples 

,,,,, x[n]"" x,(n1). , (3.67} 

Alternatively, our previous discussion has shown that even ifx[n] was not obtained 
originally by sampling. we can al.ways use Eq. (3.24) to find a continuous-time 
bandlimitcd signal x..(t) whose samples are x[n] =- x.(nn. 

It is often necessary to change the sampling rate of a discrete-time signal, i.e., to 
obtain a new discrete-time representation of the underlying continuous-time signal of 
the form 

:c'[n] = x,(n.T), (3.68) 
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where r ,1,, T. .Q-ae approach to obtaining the sequences x'[n] from .:c[n] is to 
reconstruct xJt) from .x(n] using Eq. (3.24) and then resample xc(t) with period T' to 
obtain x'[n]. Often this is not a desirable approach because of the JJ.Onideal analog 
rcconstrµction filter, D/A converter, and A/D convert1:r that would be used in a 
practical implementation. Thus, it ·i,9 of inten~st to consider methods of changing the 
sampling rate that involve only discrete-tim.e operations. 

3.6.1 Sampling Rate Reduction by an Integer Factor 

The sampling rate of a sequence can be reduced by "sampling" it, i.e., by defining a 
new sequence 

(3.69) 

Equation (3.69) defines the system depicted in Fig. 3.17, which is called a sampling rare 
compressor (Cl"ochiere and ltabiner, 1983) or simply a compressor. From Eq. (3.69) it 
is clear that x .. (n] could be obtained dis:tctly from xJt) by sampling with period 
T = MT. Furthermore.if.X.(JOJ = Ofor IOI> nN• then . .x.,(n]isa.nex.actrepresenta
tion of x.(t). if 1r./T' .. . n/(MT) > O,v. That ill. the sampling rate can be reduced by a 
t'actor 1J! M. without aliasing if the original sampling rate was at least M tunes the 
Nyquist rate or if the .bandwidth of the sequence is first reduced by a. factor or M by 
discrete-time filtering. I:n general. the operation of reduc:mg. the sampling rate 
(i,:icluding any prefiltering) will be called downsampling. 

As in the case of sampling a continuous-,.tiJne signal. It is useful to obtain a 
frequency-domain relation between the input and output of the compressor. This 
time, however, it will be a relationship between discrete-time Fourier transforms. Al;
thougb several nicthOds can be used to derive the desired tesUJt, w.e Will ba$e out 
derivation on the results already obtained for sampling continuous-time signals. First 
recall that the discrete-time Fourier transform of x[n] = xc(nT) is 

X(,ei'°) • ½ k•t, x{J ;- j 
2
;''} (3.70) 

Similarly, the dis¢rete-tiJi Fourier transform of x,[n] = x[nM] == x,(nr) with 
T == MT is 

x;.e1--, = .~ ,J/{J ;;-J 2;} (3.11) , 
Now. since T = MT, we can write Eq. (3.71) ~ 

Xie"-> = ~r ,J '° x.(1 :r -J :n;} (3.72) 

-.[-nl----1•""'41B ,cain) • ,c[n~I 

Satnpling Sampling Fi1ore J.17 Representatic:m or 
period T pe.-iod T' • MT downsampler or discrete-time saml)ler, 

To 
r ir. 

Th 

TI: 
Fe 
tr:1 

Fe 
ter 
(3.~ 
of 
mi: 
fre. 
int, 
dis 
;{(. 

ant:: 

tra. 
tr:i: 
3.l 
alre 
Ui: 
sec 
no; 
tra: 



IPR2020-00033 Page 00251

Sec. 3.6 Changing the S.!mpllng Rate Using Dlscr:-Trme Processing 103 

To see the relationship between Eqs. (3. 72) and {3. 70). note that the summation index 
r in Eq. (3.72) can be expressed as 

,,..i+ kM, (3.73) 

where k and i are integers such that. - <lO < k < :1J and O :s; i ;S; M - I. Ocarly r is 
still an integer ranging from - ~ to co, but now Eq. (3.72) can be expressed as 

Xl,.ei")=- r. - I: X, j--j--J-1 N-t [l 00 
( Cl/ 21tk 21ti)} 

M i•O T l•-,o MT T MT 
(3.74) 

The term inside the square brackets in Eq. (3.74) is recognized from Eq. (3.70) as 

(3.75) 

Thus we can express Eq. (3.74) as 

(3.76) 

The analogy between Eqs. (3.70) and (3.16) is clear. Equation (3.10} expresses the 
Fourier transform ofthe sequence of sampleu(n](period T) in terms of the Fourier 
transform of the continuous-time signal x.(t}. Equation (3.76) expresses the 
Fourier transform of the discrete-time sampled sequence x,(11] (sampling period M) in 
tenns of the Fourier transform of the sequence x(n]. If we compare Eqs. (3. 71) and 
(3.76)wc see that Xi.el">) can be thought of as being composed of either an infinite set 
of copies of X,(jfl). frequency scaled through w = OT' and shifted by integer 
multiples of 21t/T' (Eq. 3.11), or M copies of the periodic Fourier transform X(~•), 
frequency scaled by Mand shifted by integer multiples of 21t/M (Eq. 3.76). Either 
interpretation makes it clear that XJ..el-} is periodic with period 2,r (as are all 
discrete-time Fourier transforms) and that aliasing can be a.voided by ensuring that 
X ( el"') is bandlimited. i.e., ' , 

(3.77) 
I 

and 2n/ M ~ 2w11 • 
Downsampling is illustrated in Fig. 3.18. Figure 3.18(a) shows the Fourier 

transform of a bandllinited continuous-time signal, and Fig. 3. lSO,) shows the Fourier 
transform of the impulse train of samples obtained with samp!mg period T. Figure 
3.!8(c) shows X(e'•) and is related to Fig. 3.18(b) through Eq. (3.18). As we have 
already seen, Figs. 3. l S(b) and ( c} differ only in a relabeling of the freq ucncy 
axis. Figure 3.18(d) shows the discrete-time Fourier transform of the downsampled 
sequence when M = 2. We have plotted this Fourier transform as a function of 
normalized frequency a,= nr. Finally, Fig. 3.18(e) shows the discrete-time Fourier 
transform of the downsampled sequence plotted as a function of the continuous-time 
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frequency variable n. Figure 3.18{e) is identical to Fig. 3.18(d) except for the 
relabeling of the frequency axis through the relation O .. w/T'. 

In this example, 27!/T "" 40H, i.e~ the original sampling rate is exactly twice the 
minimum rate to avoid aliasing. Thus, when the original sampled sequence is 
downsampled by a factor of M • 2, 110 aliasing results. lf'the downsampling factor is 
more than 2 in this case, aliasing will result, as illustrated in Fig. 3.19. 

Figure 3.19(a) shows the continuous-time Fourier transform or x.,(t), and Fig. 
3.19(b) shows the discrete-time Fourier transform of the sequence x[n] = x.,(nT). 
when 2n/T = 40N. Thus, OJH = OH T • n/2. Now if we downsample by a factor of 
M = 3, we obtain the sequence x.[nJ = x[3n] = x,(n3T) whose discrete-time Fourier 
transform is plotted in Fig. 3.19(i:) with normalized frequency o, = nr. Note that 
because Mw'.Y = 3n/2. which is greater than ir. aliasing occurs. In general. to avoid 
aliasing in downsampling by a factor of M requires that 

wlfM < n or w,, < 1t./M. · (3.78) 

If this condition does not hQld, .aliasing oc:cu-rs, but it may be tolerable for some 
applications. In other cases, downsampling can be done without aliasing if we are 
willing to reduce the bandwidth of ~e signal x[n] before downsampling. Thus, if x(n] 
is filtered by an idcaj. lowpass fil~r with cutoff frequency ir/M, then the output .i(n] 
can be downsampled without aliasing, as illustrated in Figs. 3.19(d), (e}, and (f). 
Note that the sequence .iJnJ =.i[nM] no longer represents the original underlying 
continuous-time signal xc(t). Rather iJn)=x.,(nT'), where T' = MT, and .f.,(t) is 
o~ncd from xc(t) by lowpass filtering with cutoff frequency n.,= nlT' = nl(Mr). 

From the preceding discussion we sec that a general syst!ffl) for downsampling 
by a factor of M is the one shewn in Fig. 3.20. Suell a system is c:alled a decimator, and 
downsampling by lowpass filtering followed by compression has been termed 
decimation (Crochiere and Rabiner, 1983). 

3.6.2 Increasing the .Sampling Rate by an Integer Factor 

We have seen that reduction of the sampling rate or a discrete-time signal by an 
integer factor involves sampling the sequence in a manner analogous to sampling a 
cpntinuous-time signal Not surppsingly, increasing , the sampling rate involves 
operations analogous to D/C conversion. To see this, consider a sign~ .l[n] whose 
sampling rate we wish to increase by a factor of L. If we consider the underlying 
continuous-time signal x,(I), the objecti\ie is to obtain samples , 

:c,-( n] ,., ;c,(11 T'), (3. 79) 

where T' - T /L, from the sequence of samples 

x[n] = .'C,(nn. (3.80) 

We will refer to the "1,eration of increasing the sampling rate as upsampling. 
It is c~ear from Eqs. (3.79) and (3.80) that 

x,[n] = x[n/L] .. x.,(nT/L), n = 0, ± L. ± 21., . ... (3.81) 
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3.22(d). In general, the required gam would be L, since L(I/ T) = (1/(T/L)J = I/T', 
and the c:utolf frequency would be n/L. 

This example shows that the system of Fig. 3.21 docs indeed give an output 
satisfying Eq. (3.19) if the input sequenc;c x[n] - x.(nD was obtained by sampling 
Without aliasing. That system is therefore called an in:erpolator since it fills in the 
missing samples. and the operation of upsampling is thcrefo~ considered 10 be 
synonymous with interpolation. 

As in the case of the D/C converter, it is possible to obtain an interpolation 
(onnula for x,[n] in terms of x[n]. First note that the impulse response of the lowpass 
filter in Fig. 3.21 is 

h [ ] _ sin(irn/L) •" ----. xn/L 
{3.86) 

Using Eq. (3.83), we obtain 

x,[n] = f x[k] sin[ll(n - kL)/L]. 
k•-m ir(n-kL)/L 

(3.87) 

The impulse response h,[n] has the propenies 

h,(O] = 1, 
h1[n] = 0, n"' ±L. ±2L. .. .. 

(3.88) 

Thus for the ideal lowpass interpolation filter we have 

Xt[n] ':" x[n/L] - x,(nT/L) • x,(nT'), n"" 0, ±L. ±2L. . .. , (3.89} 

as desired. Tne fact that xd:n) ., x.(nT') for all n follows from our frequency-domain 
argument. 

In practice, ideal lowpass filters cannot be illiplemented exactly, but we will sec 
in Chapter 7 that very good approximations can be designed. (Also see Schafer and 
Rabiner, 1973, and Oetken et al., 1975.) In some cases very simple interpolation 
procedures arc adequate. Sinc:e linear .interpolation is often used, although generally 
it is not very accurate, it is worthwhile to examine linear interpolation in the present 
context. 

Uncar interpolation can be accomplished by the system of Fig. 3.21 if the filter 
'.has illipulse response 
l' 

{
1- Jnl/L. 

h1,-[n] = 
0, otherwise, 

lnl :s: L. 
(3.90} 

as shown in Fi~ 3.23 for L .. S. With this filter, the interpolated output will be 

• • 

"' .., 
x1 .. [n] = L x,[k]hu,.[n - k] = :E x[k]h11.,[n - kL]. (3.91) 

.t•-• ••-m 
1 ..._lnl 

t1 I I liit,. ':· 
0 

F',c,,n 1D lmpube response ror lincai 
n illtetpolatioo.. 
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Fpe 3.24 (a.) Illustration of linear interpolation by IU~g. tbl Frequency 
response of linear intetpOialot compared with ideal lowpass interpOlation tilt«. 

Figure 3.24(a) depicts x,[n] and .:cu,,[n] for the ~ L = S •. From this figure wi; ~ 
that .x1r,,[n] is identical to the sequence obtained by linear interpolation. between .the 
sa.tnples. Note that 

so that 

h11,.(0] - 1, 

hu.,[l'IJ .. 0, n= ±L, ±2L,, ... 

:c11.,[n]=x[n/L] at n•O,.±L, ±2l., ..... 

(3.92) 

(3.93) 

The amount of distortion. in the intervening samples can be gauged bY 
comparing the frequency response of the linear interpolator to the ideal lowpass 
intcrpolator for a factor--of-L interpolation. It can be shown (see Problem.3.22) that 

°' t[sin(wL/2)]
1 

., ,,, H11,.(el ) = I. sin(CrJ/l) . 
1 

(3.94) 

This function is plotted in Fig. 3.24(b} fo.r L • S together with the ideal lowpass 
interpolation filter. It is dear from this figure that if the original signal is sampled at 
the Nyquist rate. linear interpolation will not be very good sinc:;e the output of the 
filter will contain considerable energy in the band n/L < !col :S 1t. However, if the 
original sampling rate is much b.,igher than the Nyquist rate., then the linear 
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interpolator will be more successful in removing the frequency-seated images of 
X,(,jO) at multiples of 2n/ L. This is intuitively reasonable since if tbc original 
sampling rate greatly exceeds the Nyquist rate, the signal will not vary significantly 
between samples, and thus linear interpolation should be reasonably accurate. 

3.6.3 Changing rhe Sampling Race l:>y a Nonlnteget' Factor 

We have shown how to increase or decrease the sampling rate of a sequence by an 
integer factor. By combining decimation and interpolation it is possible to change the 
sampling rate by a noninteger f;letor. Specifically, consider Fig. 3.25(a), which shows 
an interpolator that dccrcases the sampling period from T to T/ L. followed by a 
dccimator, which increases the sampling period by M, producing an output sequence 
x.,(n) that bas an effective sampling peril)(! of r"" TM/L By choosing· L and M 
appropriately, we can approach arbitrarily close to any desired ratio of sampling 
periods. For e,:ample, if L - 100 and M • IOI, then T = 1.01 T. 

If M > L there is a net increase in the sampling period (decrease in sampling 
rate) and if M < L. the opposite is true. From Fig. 3.2S(a) we see that the 
interpolation and decimation filters are in cascade, so that they can be combined as 
shown in Fig. 3.25(b) into one. lowpass .filter with gain L and cutoff equal to the 
minimum oh/Land n/M. UM> L. then rc/M is the dominant cutoff frequency and 
there is a net reduction in sampling rate. As pointed out in Section 3.6.1, if :c[11] was 
obtained by sampling at the Nyquist rate, the sequence .i,,[n] will represent a 
lowpass-flltercd version of the original underlying bandlimited signal if we are to 

lnterpolator Oecimator r------ ----- ---- -, r- ------- ---- -----~ 
I ,----. I I ,-----~ : 

: ,__.., filtar : 1 LOW!> ... filter 
G• in • L 1------1 Gatn • 1 

•(nl r Cu10ff••II. -,[nl I Cutoff • •/M j•. lnl 

Sampling 
ptrlod: T 

: I l ..._ ___ .., : 
L---- ---- ________ _, L.--- ----- ------- - ..J 

Sampling 
period: T 

! 
L 

T 
i: 

I 
L 

l•I 

Lowp ... 111, .. 
Gain• L 
Cutoff. 

minl•/L. r/MI 

(bl 

I 
L 

T L,,,,.,1 

Fi&un US (a) System for changing the sampling rate by a nonin1,:gcr factor. (b) 
Simplified system in which the decimation and. interpolation 61t= :m, combined. 

I!! 
L 
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avoid aliasing. On the other hand, if M < L. then 11/L is the dominant cutoff 
frequency and there will be no need to further limit the bandwidth of the signitl below 
the original Nyquist frequency. 

3.7 PRACTICAL CONSIDERATIONS 

So far in this chapter our discussions of the representation of continuous-time signals 
by discrete-time signals have focused on idealized models of periodic sampling and . 
bandlimited interpolation. We have formali2ed our discussions in terms of an 
id~\ized umpling system that we have called the ideal continuous-10-discrete (C/D) 
converter and an idealized bandlimitc.d interpolator system called the ideal discrere•to
contin110.us (D/C) converter. these idealized conversion systems allow us to concen
trate on the essential mathematical details of the relationship between a bandlimitcd 
signal and its samples. For example, in Section 3.4 we used the idealized C/D and 
D/C conversion systems to show that linear time-invariant discrete-time systems can 
be used in the configuration of Fig. 3.26(a) to implement linear time-invariant con
tinuous-time systems if the input is bandlimited and the sampling rate exceeds the 
Nyquist rate. In a practical setting, continuous-time signals arc not precisely band
limited, ideal filters c.annot be realized, and the ideal. C/D and D/C converters can only 
be approximated. The block diagram of Fig. 3.26{b) shows a .more realistic model for 
digital processing of continuous-time (analog) signals. In thls section we will examine 
some of the imperfections introduced by each of the components of the system in Fig. 
3.26(b). While it is difficult to carry out an exact analysis, our approximate an~ysis 
will indicate the effects oi each imperfection and suggest that the system or Fig. 3.26(b) 
can very cioscly approximate the system of Fig. 3.26(a). 

CID Diocme-tlme 0/C -
T T 

(ll) 

AID Dbctetw-tinw 0/A --· tym"' --
H,001 

T T T ,,, 
lb) 

Flcun J.26 (a) Discn:«e-time !Uierin; of con1inuous-time slpals. (b) A mon: realistic model. 
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Any response to this letter should include, in the upper right hand corner, the APPLICATION NUMBER (SERIES 
CODE/SERIAL NUMBER). If applicant has received a Notice of Allowance and Issue Fee Due, the ISSUE BATCH NUMBER 
and DATE of the NOTICE OF ALLOWANCE should also be included. 

Attachmentlsl 
IXI Notice of References Cited, PTO-B92 

181 Information Disclosure Statement(sl, PT0-1449, Paper No(s). 2 end 3 

O Notice of Oraftsperson's Patent Drawing Review, PT0-948 

0 Notice of Informal Patent Application, PT0-152 

0 Interview Summary, PT0-413 

D Examiner's Amendment/Comment 

O Examiner's comment Regarding Requirement for Deposit of Biological Material 

181 Examiner's Statement of Reasons for Allowance 

U, S, P•ttirtt .and Trademtrk Of~ 
PT0-37 (Rev. 9-951 Notice of Allowebllltv Part of Paper No. __ 4 __ 
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Art Unit: 2414 

l. Claims 1-24 are allowed. 
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DETAILED ACTION 

.Allowable $ubject lflatter 
-, 

2. The following is an examiner's statement of reasons for allowance: The prior art does not 

. show separately or in combination the limitations of subchanneling the voice communication 

resource and simultaneoU$ly pl.acing at least one of each ofthe plurality ofvqice signals on a 

subchannel; compressing the time of each ofthe voice signals within each of the subchannels; 

wherein the step of compressing the time of each ofthe voice signals further .comprises the step 

of using Wavefortt1 Similarity based Overlap•Add (WSOLA.) time compression on the voice 

signals; compressing the bandwidth of plurality of voice signals by subchanneling the voice 

conununica.tion resource and modulating each ofthe plutality ofvoice signals about a plurality of 

pilot signals within the voice communication resource; a processing device for demodulating t.pe 

received processed signal using single side band .. 2~odulation and time~scale expansion to 
I 

provide a reconstructed signal; subcbannelizin.g the colllII1nniCation resource into a 

predetennin.ed number of subchan.nels; and a digit.a.I signal processor for performing single 

sideband demodulation and at least one of the functions of filtering a.pilot carrier, performing 
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Art Unit: 2414 

automatic gain control using a feedfoiward loop, or decompanding of the digitized received 

signal to pr<>vide a p,:ocessed signal. 

Arty colll.ll1ents considered necessary by applicant must be submitted no later than the 
'I.! 

payr.ttent of the issue fee and, to avoid processing delays, should prefeta.bly accorr1pany the issue 

fee. Such submissions should. be clearly labeled 11Conunents on Statement of Reasons for 

Allowance." 

Conclusion 

3. '!'he prior art made ofrecord and not relied upon is considered pertinent to applicant's 

disclosure. 

Dejmek et al. ('898) dislcoses a method for time c:ompresidng a voice message in a voice 

messaging method for selective call receivers. 

Hieatt, m ('215) discloses s selective call transceiver \llllt, selective call base station in 

which the receiver processes the :radio signals and produces output demodulated m.for.tJ1atiot1. 

The demodulated information is coupled into the input of a. microprocessor which processed the 

information and incoq,orates conventional analog-to-digital and digital-to-vot~ message from 

the receiver. 

Liberti, Jr .. et al. discloses a selective call base station for use in a selective call 

communication system, comprising a transmittetcoupled to the contr«Jer for transmitting 
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selective call signals to selective call receivers operating in the selective call communication 

system, a receiver coupled to the controller for rec.eiving a modulated radio signal from a 

~:onttet within one c:,f the selective call receivers, an analog-to-digital converter for digitizing 
ff 

the modulated radio signal .and a symbol demodulator coupled to the ewer frequency estimator 

for demodulating a symbol value corresponding to one of the serially transmitted symbol 

intervals. 

Orlen et al. ('981) discloses a selective call communication system that in.eludes an 

encoder for encoding and compressing the data to form compressed data, and a controller for 

transferring the compressed data to a selective call terminal. 

Puckette ('589) discloses a digitally inlplem.ented single sideband (SSB) transmitter 

simultaneously generates a. desired signaling waveform. in response to a single data signal input, 

multiplies it by a carrier function, generates the Hilbert transform of the signaling waveform and 

multiplies it by a quadrature carrier function, and sums the two products to produce the SSB 

output. 

Wong(' 174) discloses an analog signal stacking method and app;u-atus permits 

transmission ofn analog signals of given spectrum width over a narrow band communication 

circuit having bandwidth approximately equal to the spectrum width of one analog signal by 

compressing the spectnun. of each signal by a. factor of 1/n. 
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4. Any inquiry concerning this comniunication. or earlier co!D-Illunications from the examiner 

should be directed to Demetra R Smith whose telephone numberis (703) 308-6989. The 

examiner can nonnally be reached on Monday-Friday from 8:00 to· 5:00. 

If attempts to reach the examiner by telephone ~. \lilSUccessful,. the .examiner's 

supervisor, E. Todd Voeltz, can be reached on (703) 305-9714. The.fax.phone number for this 

Group is (703) 305.-9731, 

Any inquiry of a general nature or relating to the status of this application or proceeding 

should be directed to the Group receptionist whose telephone n:umbet is (703) 305-3800. 

Demetra R. Smith 

September 15, 1.996 

I 
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PTO D1':1rtpcr,-011s review all origillaliy fih:d drn1,vit1~~ r\.'g;1rdk-." of whdht"r lhcy arc tlcsignacc~I a~ f(lrn1al <fripformaL Additionally. 
paten! Examl11crs will review Lill! lhawings f1'lr conipfa1nce with 1he n:guh1lio11s, Direct tclephon~ ioqniries cr,nceniing this review to 
the DrJWing 'view Branch. 703-305-8404. 

Tl:e .Ira,• •ll!~ likd (cnwr! ,kH-:J~-- .. ,. :?t;~'fl-,ire 
A. _ _._ .. __ no! ,,h1c.:1cd lo hy th~ Dmlhpcrs,n u1uk • Ji C t'!{ UH or LU'.!_, 
l.l .... , . .,o._ o.bJt~.1.-;I to hy the· Dr-•Hl~ptrM,o mHlW 3'. CFH L/14 ov 1.1$2 :,~ 
inlm,::nk<i i,c-1Hw. ·Tht~ EKnu1i:n1.; r \\ ii! ~i..·qu•in: .,1Hhm:i-.:•fii1tl .,.tf tic\\''.. (;\lrr~~tt~J 

1lr;1wi1\1,t:; 1vh,•111!C,',!S'ltry. Conl.',l.:1l drnwr,:;:s: musr l11: ~ubn1111c,l 
;J.;,.\:rlrdiu_g !tl tbt~ i11'.\fru(:h(;ili \m tht• had; F t ·Jtif Nu~t-<.:t:. 

L p;{,\ \V!NOS .. \7 CFlt U!-1(:i!; ;\n:i·.pbhf. <"l~f• ldd of J:·:1w,1:,:;, :, 
Black ink . (',,Im. 

Not hf.a:k si,1,d 

-•-•·•·· t:,-,tor,dru\\·ings 11ri.: nnl 

Pi.;(,) -----
:'!. PHnTt:(W:\r•llS, 37f'FR l.S:l/h1 

r11c1tn~;r .. 1p!t\. ~,:;--e mll ·1.:1.-rpt;:nk ,~u.bl p1:Hit1 n 

_,..,.,-t' U· d1 j \•dnp. "lh."t~;-,: not 1h1.: , .wtc- -~•tl.1,;.. Xhc,.· ti "; ... N~~---• .. ____ _ ¥M ·-

l•a\\'.inµ !\~~L>t~t~ tll..)l.i~i l ii<'t.: t pt3hk~ ·:Sil.~--, ~•-h,t,;-tt~, 
6 M,'.RtHNS. J7 CF!{ Ll!-Hg;: :\,',•.:1•1ahlc mart~' •!< 

/ .l 1:n.,'* , .\:, \~,6-..·m. n (, (IH X .. ll l 1.:11•. ~-· Jn.Jtt X '!-7 ~-~ U H_., .tf!f-1.Ja .\' :~, -~,. ,.,, •. 
c 81/1 X. i·-,.J lncl~~s'i (X U.! X_ U. i_:11 . .-h~ ~) Ol. 111 X J-f .in~hi•-~J 11;;-~.: ~l:~· A·f1 
'r$.lc1n (2"1 . 15- ,u, 1n '.;f«·m.( I"' ; !.'.\na 
L. J.f,·u,.1!/4'i .l>l~m.ftf.1"} (•l,·tn.{1/:t• i :?~nn, 
R ,f>lrm,(114") .M,:m.(11-l") .(•kuql/-l"J 1.5cm. 
H fi4cm.(l/-l") hh;u. t_lH") .M,·m.(11-1 ") l Pso UI. 

1',,far}!:ins iJo n11J cnnfomt·Ul ~htlrt ~bovt. 

~ihcct(i).~-,~~~--- ,=· ·, ... ·.·.··,.·, ·.· A,X---·•-,·w-· ,._ ··----·----
_ _-r.,,, .(Tl ,_ Lefl !Ll _l!i,aht {It) ___ ,_1:h;llt>lll fl\) 

7. VIEWS. 37 CFR LR4(h) 
Rf.MINDER: Sptcificnti1l'$1111:1y requiR' rc, isi,m !o ,,mcsp;.111,! 1-;, 
dr:iwinj! ch~ng,,.,, 
All vkws 11m group-=d l<•gclhcc Fig(,) - _____ ___ _ 
Vkw~ connc..:t(id hy pr,,jcctinn !m.:s ur i;;:uu l inc~. 
Fi1t{~) ___ __ _ 

l'~r1i;il vicws. 3? CFR I .l<i--l(hl l 

COMMENTS: 

LX-l (hi >I 
-- I l:,1rhi11g ndl fo,.li,:;i fed fur ,,·..:11011;11 pur-11,,11, or ;j JI ohjcd. 

FiJ!f,t~---
-- t':h,-s~ ~,·fihtn-not drit\\'1:l ~Mn.: ~ ,"i vii::w wir:11 p,11:b. i __ 0.4-.'ros-,·-,el.'iiini 

wiih rcgul.1rly s11a<:(',! ['<trn1ld ;>hliqu~ ,tNk(~, Fig{si _____ . 

X. Altl-lANCE/\IENT OF \'IEW.'i. J7 U-'R L1':-lfi.1 
. .••.. \Vdrtl , du ni,I ,1(1pc;1r PH :1 h"riw!li;,l .. lvli -11Hit!H foshi1111 wh,·11 

i'S{!f.::_ h .cilhL"r ~Prit!Jn Pr tmiietl :-.o .H1,n lhc tnp bi:c~,m.,·-~ rft ,.: ·rl;;ht 
, i.dc r$n:)'I fur prnph~. Fii:1,)· _____ _ 

Y. s<,:Ar.E. ·,n CFl{ U{-l{k) 

~;::~:; :;:::,'.;;:;:~i~1:-~:;~'.'..'.,;',::1~::~:':::·~:::::·~;:::,;:t~:;:::,::::~-~.,.,1 

! l. ! .EAD U,~l'S. Yi CH< U-:.11,rl 
l.c.~;1ti hnt;_-. 1..·n-J,s ea~h olht:f. Fi2,!f-'\ )~-•N-- ~ 
Lt~_uJ liHt' <i 1.11is~i11J! , Fi~C,l 

i,;_ NU!l!Jll ;RJN(; oJ, .$iJt\CTS 0:' Pl{.i\\Vl,'.'GS, J7l.'FR Lltip1 
Shc,•ts ltlll n1111t!><•n:.l ru/1-i:i:1lli \'ely. ;md in A1';1h;,• ,.umcrnl,;, 

·--- - i)<'.i_!illllingwith 1111111ht•r L ~b<:~•Hs) ______ • 

15. NllMHER OF VIEWS, J7 ('fR LR-l(u> 
\!i:t ... ,i.:s th,l au1nl""·.t<.·d l'.lnt_Sct·tt:tf:•/1..~tv-. :u1d in Arahf~ ntm1<.•f!1l.s, 

bc.~innlnp. wi111 nu111h,·r I. Figt()~------
Vkw 1m 111h1:rs 1101 prci:cJC'd hy th.; ahhre1•ia11on l'ig, 

Fi;:(sL ,,,--,----

If,, CORRHCTIONS, 37 CFR U{4(wl 
_, {'01n:din11s not matk rr,,rtqirior p ·f(.). •148, 

F;,,(sl ·····---·· 
17. iW5HlXDRAWI NO. J7Cl'R Ll5:! 

__, .Surf':tl'.t: ,ttmliu,: ~h(>Wil nn1 ;1p1!rnpri:1t~. r-ii;('I , . . ~ 
~-~ Sofa! hla,·k ,h,1di111; no! mi:J fnn:0!1,r ;;,,i11ra,1. 

Firls1 ____ _ _ 



IPR2020-00033 Page 00273

\. 

( 
UNITED STATES DEPARTMENT OF COMMERCE 
Patent and TradeJnart Office 

Address: Box ISSUE FEE 
ASSISTANT COMMISS10NER FOR PATENTS 
Wuhiogton, o.c. 20231 

NOnCE OF ALLOWANCE AND ISSUE FEE DUE 
.72-l;,}:1t l 1tLrri)1 

APPLICATION NO. 

TfTLEOF 
INVB'ITIONJ1J t Cl: 

ATTY'S DOCKET NO. 

. ' . 

EXAMINERANQGROUPAATUNIT DATEMAILED 

SMALL ENTITY FEEDUE DATEDUE 

THE APPLICATION IDENTIFIED~B,OVE HAS BEEN EXAMINED AND IS ALLOWED FOR ISSUANCE ASA PATENr. 
pROSECUffON ON TH(MERIT$1$CLQ$EQ. 

THEISSUE FEE MUST.BE PAID WITHIN THREE MONTHS FROM THEMAIUNG DATE OF THIS NOTICE OR THIS 
APPUCATION SHALi. BE REGARDED AS ABANDONED. THl$$TAMQBY PERIOD CANNOT BE EXTENDED. 

HOW ro RESPOND TO THIS NOTICE: 
I. Review the SMALL ENTITY status shown above. 

tf the SMALL ENTITY is shown as YES, verify your 
ourrent SMALL ENTITY status: 

A. If the status ls changed, pay twice the amount of the 
FEE DUE shown above and notify the Patent and 
Trademark Off tee. of the change In status, or 

B. lfthe status is the $8tne, pay the FEE DUE shown 
above. 

If the SMALLENTITY Is shown as NO: 

A. Pay FEE OUE shown above, or 

B. Ale verifted statement of Small Entity Status before. or with, 
payment of 1/2 the FEE DUE sho,wn ~ove, 

II. Part B of this notice should be completed and returned to the Patent and Trademark Office (PTO) with your ISSUE FEE. 
Even if the ISSUE FEE has already been paid by charge to deposit account, Part B should .be completed and returned. 
If you are charging the ISSUE FEE to your deposit account, section "6b• of Part B should be completed. 

Ill. All communications regarding this application must give application number and batch number. 
Please direct all communi~ation prior to issuance to Box ISSUE FEE unless advised to the contrary. 

IMPORTANT REMINDER: PstfJnts Issuing on appllt:atlons Ried on or after llec. 12, 1980 may requlre payment of 
maintenance ftles. It Is patentee's rnpoMlblllty to .ensure tlme/ypa}'nHlflt of maln,.,..,,oe 
tees when due. 

PTOL-85 (R&V. 5-98} (Q.661--0033) 
3. PATENT AND TRADEMARK OFFICE COPY 
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SERIAL NUMBER 

08/395~747 02/2.8/95 

JOHN H. MOORE 
l'IOTOROLA INC 

,1-Jic 

UNITED· STATES DEPARTMENT OF COMMERCE 
Patent and Trademark Office 

Addresa; COMMISSIONER OF PATl:Nl"S AND TRADEMARKS 
Washlhgtan, o.c. 20231 , 

FIRST NWEO APPLICANT ATTOANEY DOCk£T NO. 

LEITCH C PT0060 U .., EXAMINER 

7512/0317 

1.500 GATEWAY BLVD !!IS 9G 
BOYNTON BEACH rL 33426-8292 ...J 

NOTICE OF ABANDONMENT 03/17/97 

This application is abandoned in view of: 
1. D Applicant's failure to respond to the Office letter, mailed _____________ . 

2. • Appllcant'.s letter of expr8$s abandonment which !sin compliance with 37 .C •. F.R. 1.138. 

3. D Applicant's failure to timely file the response received ____________ withln the 
period .$!:rt in the Offrce letter. 

4. D Applicant's fanure to pay the required issue fee within the s1atutory pe.riod of 3 months. from the 
malling date of _____ __.. ____ of the Notice of Allowance. 

o The Issue fee was received on _________ ._ _____________ . 

D The Issue fee has not been received In Allowed Files Branch as of ___________ . 

In aocordance Wllh 35 U,$;C, 151, and under the prcwlsions of 37 C.F,FI. 1.316(b). applicant(s) 
may petition the Commissioner to. ilec$pt the delayed payment of the issue fee if the delay In 
payment was unavqidable •. The petition must be accompanied by .the issue fee, unless it has 
been previously submitted, in the amount specified by 37 C.F.R. 1.17(0, and a verified showing 
as to the causes of the delay. 

If applicant(s) never received the Notl<;e of Allowance, a petition for a new Notice of Allowance 
and wlthc:lrawal of the holding of abandonment may be appropriate in view of Oelgar Inc. v. 
Schuyler, 172 U.S •. P.Q, 513~ 

5. · • Appllcanrs fallure to timely correct the drawings andlor sUbmlt new or substitute.formal 
drawings by . . as required In the last Office actlOn. OJl"'oorl9CIOd .-Sl.btilufea...i!lGO _ ,acaiw<i.on 

.;.,..,,-" · 6. !lYrhe reason(s) below. 

Abandc>nect in v(ew ofine 
wrapper continuation 
appffcation filed under 
37CFR 1.62 
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PATENT APPLICATION FEE DETERMINATION RECORD 
Effective October 1, 1994 

CLAIMS AS FILED· PART I 
Column 1 

FOR NUMBER FILED 

BASIC FEE 

TOTAL CLAIMS 

IND.EPENDENT CLAIMS 
minus3=. 

MULTIPLE DEPENDENT CLAIM PRESENT 

x$11= 

x38= 

+120= 
• II the dlffeNlnce 111 coklrm 1 la less than zero, enter "O" In column 2 

TOTAL 

CLAIMS AS AMENDED - PART II 

Application or Docket Number 

OTHERTHAN 
OR SMALl. ENTITY 

FEE FEE 

365.00 OR 730.00 

OR x$22= 8''3 
OR x76= 

OR +240= 

OR TOTAL 

OTHERTHAN 
{Column 2) (Coklmn 3) SMALL ENTITY OR SMALL .ENTITY 

HIGHEST 
NUMBER PRESENT 

PREVIOUSLY EXTRA 
PAID FOR 

Minus 

Independent • Minus ... 
FIRST PRESENTATION OF MULTIPLE DEPENDENT CLAIM 

(Column. 2) (Column 3) 

HIGHEST 
. NUMBER 

t PREVIOUSLY 
'J' PAID FOR 

RATE 

x$11= 

x38= 

+120= 
TOTAL 

ADOif.FEE 

ADDI- ADDI· 
TIONAL RATE TIONAL 

FEE FEE 

OR x$22= 

OR x76= 

OR +240= 

TOTAL 
OR ,ADDIT. FEE 
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BAR CODE lABB. 

llffllllll~IIIIIIIIIIIIIIJIIIIIIIIII U.S. PATENT APPLICATION 

SERIAL NUMBER FIUNGOATE CLASS GROUP AIIT UNIT 

08/764,656 12/11/96 364 2414 

I 
CL:Cn<:)RD D. LEI'l'Cl{, CORAL SPRINGS, FL; ROBERT J. SCHWENDEMAN, 
POMPANO BEACH, FL; ltAZIMlER.Z SIWI,F!.I(, CORAL SP~INGS, FL1 Wtt.LIAM J. 
KUZNICKI, CORAL SPRINGS, FL1 SUNIL SATYAMURTI, D~LRAY BEACH, FL. 

**CONTINUING DATA********************* 
VERIFIED THIS APPLN IS A CON OF 0~/395,747 02/28/95 

**FOREIGN/PCT APPLICATIONS*****U***•* 
VERIFIED 

FOR.EIGN·FILING LICENSE GRANTED 02/20/97 

STATEM 
COUNTRY 

FL 

SHEETS 
DRAWING 

14 

MOTOROLA INC 

TOTAL 
Cl.AIMS 

24 

IP LAW DEPARTMENT MS 96 
1500 GATBWJ\Y BLVD 
BOYNTON BEACH FL 33426-8753 

INDEPENDENT 
CLAIMS 

7 

FILING FEE ATTORNEY DOCKET NO. 
REeEIVED 

$1,178.00 PT00600UC01 

VOICE COMPRESSION METHOD AND APPARATUS IN A COMMUNICATION SYSTEM 

This Is to certifv that annexed hereto is .a true copy from the records of the United States 
Patent and Trademark Office of the application which is. •identified above. 

~t~~tli~ PATENTS AND Tf!ADEMARKS 

Certifyina Offter 
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PATENT APPLICATION SERIAL NO. 08/7M656 

RT1810+ 01/29/97 0876+6.Sb 
PT0-1556 
(5/87) 

U.S. DEPARTMENT OF COMMERCE 
PATENT AND TRADEMARK OFF!CE 

FEE RECORD SHEET 

13-4778 180 101 

J 

~f...LI 
22. OOCR (/ ,.tZ ,!--. 

~ 
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Transadico HISl0ly Dala ___ _ 
Date klfonnlllon--..,_,. USPTOPatenl 
~, lnfol'nllilon RICrleYaf (PAIR) 

systam 1'9C0fds et www.uspto.g011 

,·· 
l 

/ 

Box FWC 

UNITED STATES PATENT AND TRADEMARK omcE 

DocketNo.: PT00600UC01 

Date: December 3, 1996 

Commissioner of Patents 
and Trademarks 
Washington, DC 20231 

Sir: 

This is a request for filing a: 

_X_ Continuation file wrapper continuing application under 37 CFR 1.62, of 

pending prior application Serial No. 08/395,747 filed on February 28, 1995 by Leitch, 

et al. foi{''VOICE COMPRESSION METHOD AND APPARATUS IN A 
COMMUNICATION SYSTEM." 

1. __ X _ _ The filing fee is calculated below: 

FOR 

CLAIMS REMAINING AFTER ENTRY OF ANY REQUESTED 
RULE 116 AND/OR PRELIMINARY AMENDMENTS 

NUMBER 
FILED 

NUMBER 
EXTRA RATE 

BASIC FEE 
$770 

------------------------------- --------------------------TOTAL 
CLAIMS 24-20= 4 X$22 =$110 

------- ------------- ----------- ------------ ------.--------
INDEP. 
CLAIMS 7-3= 4 

-------------------~-----------
TOTAL FIUNG FEE 

X$80 = .$320 

·- $1200 . . ------- ---------------------------------- ---------------
2. __ X ___ The Commissioner is hereby authorized to charge any application 

filing fees which may be required, or credit any overpayment to 
Deposit Account No. 13-4778. 'fllree originals of this sheet are 
enclosed. 

3. _____ A check in the amount of$ __ is enclosed. 

4. ---------
\. s. __ x __ _ 

Ca~ claims . ___ / __________ _ 

Amend the s ecification b insertin before th · 

~ • .. "'.· '--1" ,;-,.._ 
\V 

-This is a continuation of app ication eri 
February 28, 1995,'101&1 et.~1'-4,,tt/, • 
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6. __ X___ Transfer the cont~ts oflhe prior application and its file wrapper to 
this application an~ abandon said prior application. Three originals of • 
this sheet are enclosed for filing in the prior application file. 

7. ----- Please enter the amendment dated-~--- which was filed in 
the prior application under 37 CFR 1.116, but not entered. 

8. _ _ _ _ _ A preliminary amendment is enclosed presenting additional claims 
and/ or changes to be entered in the new application after a filing date 
has. been granted. 

9 .__x_ The prior application .is .assigned to Motorola, Inc. 

10.-_X ___ The power of attorney in the prior application is to 

11. ____ _ 

a. _X __ . The power appears in the original papers 
of the prior application. 

b. _____ Since the power does not appear in the 
original papers, a copy of the power in the 
prior application is. enclosed. 

c. _____ .Recognize as ass.ociate attorney and address 
all future conununication to: 
Jam.es A. Lamb 

Priority under 35 USC 119 is claimed on the basis of prior 
Application No. ___ _, filed 

12. A new oath/ declaration is enclosed for a continuation
in-part application. 

13._X__ An Information Disclosure Statement and PTO form 1449 are enclosed. 

I 

Please direct all correspondence to: 

Attorney for Applicants 
Registration No. _fil;,142 
Phone: (561) 739-2862 

.,, Motor-ola. Joe IE Law Department MS 96, 1500 Gateway Blvd., Boynton Beach, 

r EI, $3426--8753 . 
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''\ 
,.08/764656 

.JJ:-flf• 
INTHBUN,JTEDSTA,TESPATENTANDTRADEMARKOFl'lCE ~J· 

In re applicatien of: 

LEITCH, et al. 

Docket No.: PT00600UC01 

riled: Concurrently Herewith 

Date: December 3, 1996 

For: VOICE COMPRESSION METHOD AND APPARATUS IN A 
COMMUNICATION SYSTEM 

INFQRMA TION DISCLOSURE STATEMENT 
PURSUANT IO 37 C.F.R. §§ 1.56. 1,97. and 1.98 

Honorable Commissioner .of Patents and Trademarks 
Washington, D.C. 20231 

Sir: 

Applicant submits herewith the art listed below of which the Applicant is 
aware, which the Applicant believes may be material to the examination of the 

subject application and in respect of wb.ich there may be a du.fy to disclose in 

accordance with 37 C.F.R. § 1.56. This citation of information, also appearing on 

the attached Form PT0-1449, "List of Art Cited by Applicant" is rnade pursuant to 

37 C,:F.R. §§ l.56, 1.97, and 1.98. 

A copy of the art listed below ls enclosed herewith, unless the art is 
cumulative as noted below .or the art has been cited in a prior application from 

which an earlier filing date is c::laimed for the subject application, the earlier 

application noted below. 

The filll'\g of this Information Disclosure Statement shall not be construe'd as 

a representation that a search has been made,. an admission that the infonnatipn 

cited is, or is considered to be, material to patentability, or that no other material 

information exists. Further, the filing of this Information Disclqsure Statement 

shall not be construed as an admission agairtst irtterest in any manner. 

Pursuant to 37 C.F.R. § l.98, as am.ended March 16, 1992, no explanation of the 

relevance of the English language references is presented. 
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Patents 

'PAtENT APPLICATION 
PT00600UC01 

U.S. Patent No. 5,121,391 issued J1.1ne 9, 1992 to Paneth, et al. 
U.S. Patent No. 4,955,g83 issued September 4, 1990 to Phillips, et al. 

U.S. Patent No. 4,134,069 issued January 9, 1979 to Shiki. 

The attorney signing below is making this Information Disclosure Statement 
on the basis of information supplied by the inventor, an individual associated With 
the filing and prosecution ofthe subject application .and/or information .in the 

attorney's files. The citation of this• information does not constitute either an 

admission of priority or a waiver of any right applicant may have under applicable 

statutes, Rules of Practice in patent cases,. or otherwise. 

MOTOROLA, INC. · 
Patertt Department, MS96 
1500 Gateway Boulevl;l.rd 
Boynton Beach, FL 33426-8292 

Respectfully submitted, 

LEITCH, et al. 

Bye~ 

Attorney for Applicant 
Registration No. 35,147 
Tel. (56l) 739-Z862 
Fax. (561) 739-2825 
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Fl RECEIVED 

MAR 2 81997 
r.!.Df"ll 10 'lAnn --- -•.•·"·····' ... 

\ 

OFFICIAL 
Sheet_ J_ of' _L _ 

LISl' OF ART CITED BY APPLICANT 
( Usr. sirvarul ;rhrtel:r {/ r111c~.r.mry) 

.... .,,, .... .,. ... u,u,,, 
2412 

U.R. PA:l'KNT DOCUMENTS 

bATJ;: 

---Pane.th . ct al, 

9/419() Pbillin,:. et al. 

1/91'19 Shiki 

FOREIGN PA1'.KNT DOCUMENTS 

NO. 

OTllER PRIOR AJlT Oncludin11 Author, 1'itle. Dare P«rtinttru J•a.0«1 F.rr:. l ' 

AR 

AS 

EXAMIN'mt: lnililll iJ roforet~ enMidcrc:d, wbelher or nnt citation is In c:m1fom,/~clwiU,'MPBr 609; Dntw line tj1rougb citlfli1H1 if nut 
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~ f'oRM Pt'O~i449 . , 0.S.- DEPARlMi!Ni twCoMMERCE,PX1._-.. r-o ..... 
-

'• vrr,._.,, 
Sheet-L.. of _J_ 

. 
LIST OF ART CITED BY APPLICANT 

(Use several sheets if necessary) .. 
~.- ._ . ,-~ ---~- nv, I ~Qnm~l'IV, "~"'" un,~ 

PT006.00UC01 081764.656 12/11/96 ... ·---~ .. .,=vr 

LEITCH, et al. 2412 

U.S. PATENT DOCUMENTS 

l!XAMINl!R DOCUMENT NUMBER DATE NAME CLASS SUBCLASS nLING DAT!! 
lNITIAL II' Al'l'ROPRIATI! 

M 5.121 ,391 619/92 Paneth et al. 

AB 4 955,083 9/4/90 PhilliDs, et al. 

AC 4 134 069 l/9n9 Shiki 

AD \ ( \ 

AB \ -- . A~"-., / A... 
AF 1--......... /'-."' "''-..,.:__, -

'{ \\ \::\ '-

AG 

\\ I \.. 
AH \, /' ., 
A.I 

Al 

AK 
FOREIGN PATENT DOCUMENTS 

DOCUMENT NOMBER DA11l COUNTRY CLASS SUBCLASS 
YES NO. 

AL 

AM 

AN . 
AO 

OTHER PRIOR ART (IncludinR Author: Title, Date Pertinent PaRes, Etc. I 
AP .. , ~ 

AR 

AS 

AT 

EXAMINER I DA1E CONSIDERED 

EXAMINER: lnillal if reference considered, whether or nol citation is in conformance with MPEP 609; Draw line through citation if not 
in conformance and not considered. Include coov of this form with next communication to apolicant. 
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UNJTED STATES PATENI' & TRADEMARK om~ 
Washington, D.C. 20231 

REQUEST FOR l'A'ID'l' FEE RZFOND 

oate of Request: 2 Serial/Patent 

a. refund the following fee(s): 

Amendment 

Extension of Time 

Notice of Appeal/Appeal 

Petition 

Issue 

Cert of Correction/Terminal Disc. 

Maintenance 

Assignment 

Other 

4 PAPER s DATE 
NUMBER FILED 

/)..·/ 6 

7 'l'OTAL AMOUNT 
. OF REFUND 

$ 

$ 

$ 

$ 

$ 

$ 

$ 

$ 

$ 

$ 

$ 

8 TO BE REFUNDED BY: 

6 AMOUNT 

~ 

&;;;.. 

Treasury Check · 

credit Deposit A/C #: 

Duplicate Payment 9 I ti 31--1 q.)717 l?l 
No Fee Due (Explanation): 

TYPED/PRI 

SIGNATURE: .....:.-...-.::,...,1-¥+.:;....+,..,_-~,,=::::'"--.--,.--
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UNITED STA.TES PATENT & TRADEMARK. OFFICE 
Washington., D.C. 20231 

REQUEST FOR PAT- FEE REFUND 

1 Date 'c)f Re.que9;t: J 1 r 2 Serial/Patent # 1':,f / 7(t· , //' ') 6r 
4 PAPER 5 DATE 

3 .Please refund the following fee(s): 

Filing 

Amendment 

Extension of Time 

Notice of Appeal/Appeal 

Petition 

Issue 

· Cert of oorrection/Ter:rninal Disc. 

Maintenance/ 

Assignment 

Other 

DU.plic.ate Payme:nt 

No Fee oue (Explanation}: 

1, REFUND .REQUESTED BY: 

:'PED/PRINTED•,~; i./ 
SIGN~'l'URE: / 

1
. ,.,,- /}.~~:· / _f,,, . 

NUMBER FILED 6 AMOUNT 

7 TOTAL AMOUNT 
OF.REFUND 

$ 

$ 

$ 

$ 

$ 

$ 

$ 

$ 

$ 

$ 

a TO BE REFUNDED BY: 

T.reasury Check 

Credi.t Deposit A/C f: 

9 I l 131---1¥ 1717 l?I 

l:'_j, ;l, 
TITLE:_✓'_,_~-------~• 
PHONE: ]/Jf - I Jl 

OFFICE: . . ( ~✓"t t t./ >/~ .~? 
************* .. **************·*************** .................. "" ....................... . 
THIS SPACE VED FOR FINANCE USE. ONLY: 

omce ... or .. Fbumc:e 
PORM P1t> IS17tT181<J4 01129/9? •8764656 RefunclBandr8 100 101 

(Oll'JO).> . . · CrystalPark On:e, Room. 802B · 
22.00CR 
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UNffED STATES DEPARTMENT OF COMMERCE 
Pecenc and Tndemarlc Dffice 
Address: CCMMISSICN:FI CF PA"TENTS N£J ~ 

W8')hlngtoo, D.C. 20231 

SERIAL NUMBER AUNG OATE FIRST NAMED APPLICANT 

oan64,656 12/11/96 LEITCH. . 

I B3M1/0319 
MOTOROLA INC 
IP LAW 'DEPARTMENT MS 96 
1500 GATEWAY BLVD 

L BOYNTON BEACH FL 33426-8753 

7 

...J DATE MAit.ED: 

03/19/97 

Please find below a communication from the EXAMINER In charge of this application. 

Commissioner of Patents 

PTOL-110 (Rav. 6/M) t - PATIENT J\i"f't..lCATlml FILE CO?Y 
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Notice of Allowability 

Application No. 

08:/764,656 

Exemlner 

Applicant(s) 

Demetre R. Smith 

Leitch at al 

Group Art Ul')[t 

2414 

All. claims being allowable, ,PROSECUTION ON l'HE MERITS IS (OR REMAINS) CLOSED in this application, If not included 
herewith (or previou$1y malled}, a Notice of Allowance and Issue Fee Due .or other appropriate communication Will .be 
mailed in due course. 

IX) This eomtnunlcatlon is responsive to ..:..1.:21...:1..:1.19:;..6:;..·••---,---------------------

IXI The at!owed cta.im(sl is/are _1_-2_4-------------------~---------
• The drawings flied on ________ are.acceptable. 

D Acknowledgement is made of a claim for foreign priority under 35 U.S.C. § 119(a)-(d). 

D All D Some• • None Of the CERrn=tED copies of thl3 priority docµments have been 

• received. 
D received in Application No. (Series Code/Serial Number) _______ _ 

D received in this national stage application from the International Bureau (PCT Rule 17.2(aU. 

*Certified copies not received: ____________________________ _ 

D Acknowledgement is made of a claim for domestic priority Ul'lder 35 u.s .. c. § 119(&). 

A SHORTENED STATUTORY PERIOD FOR RESPONSE to comply With the requirements noted below is set to EXPIRE 
THREE MONTHS FROM THE • DATE MAILED~ of this Office action. Failure to timely comply will result in 
ABANDONMENT of this application. Extensions of time may be obtained under the provisions 9f 37 CFR 1. 136(a}. 

0 Note the attached EXAMINER'S AMENDMENT or NOTICE OF INFORMAL APPLICATION,. PT0-152, which discloses 
that the oath or declaration is deficient. A SUBSTITUTE OATH OR DECLARATION IS REQUIRED. 

0 Applicant MUST submit NEW FORMAL DRAWINGS 

O because the originally filed drawings were declared by applicant to be informal. 

D including changes required by the Notice of Draftsperson·s Patent Drawing Ftevlew, PT0-948, attached hereto or 
to Paper No. -· --· . 

• including changes required by the proposed drawing correction filed on ________ , which has been 
approved by the examiner. 

D including changes requlred by the attached Examiner's Amendment/Comment. 

Identifying indicia such as the application number (see 37 CFR 1.84(c).) should. be wdtten oo the reverse side of the 
drawings. Tt•e drawings should be filed as a separate paper with a transmittal lettter addressed to the Official 
Draftsperson. 

0 Note the attached Examiner's comment regarding REQUIREMENT FOR THE DEPOSIT OF BIOLOGICAL MATERIAL. 

Any response to this letter should include, in the upper righ(hand corner, the APPLICATION fJUMBER ($ERIES 
CODE/SERIAL NUMBER). If applicant has received a Notice of Allowance and Issue Fee Due, the ISSUE BATCI-I NUMBER 
and DATE of the NOTICE OF ALLOWANCE should also be included. 

Attachment($) 
IX] Notice of References Cited, PT0-892 
D Information Disclosure Statement(sl, PT0-1449, Paper No(s). ___ _ 

O Notice of Dteftsperson's Patent Drawing Review, PT0-948 

O Notice of Informal Patent Application, PT0-152 

D Interview Summary, PT0·413 
O Examiner's Amendment/Comment 

O Examiner's Comment Regarding Requirement for Deposit of Biological Material 

IXl Examiner's Statement of Reasons for Allowance 

u, s, PomntandTrademarkOffiCa 
PT0~37 {Rtv, 9,95) Notice of Allowabilitv Part of Paper No. _::l:f::> 
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Serial Number: osn64656 

Art Unit: 2414 

1. Claims 1-24 are allowed. 

Page2 

DETAILED ACTION 

Allowable SubjectMtttter 

2~ The following is an examiner's statement of reasons for allowance: The prior art does not 

show separately, or in combination the limitations of subchanneling the voice communication 

resource and simultaneously placing at lea.st one of each of the plurality of voice signals on a 

subchannel; compressing the time of each of the voice signals within each of the subchartnels: 

wherein the step of compressing the time .of each of the voice signals further comprises the step 

of using Waveform. Similarity bas.ed Overlap-Add (WSOLA) time compression on the voice 

signals; compressing the bandwidth of plurality of voice signals by subchartneling the voice 

cominnn.ication resolltCe and modulating each of the plurality of voice signals about a plutality of 

pilot signals within the voice communica,Jon resource; a.prc>cessing device for demodulating the 

received processed signal using single side band demodulation and time-scale e,q,ansion to 

provide a reconstructed signal; subchannellzing. the communication resource into a 

predetermined rtUtnber of subchannels; and a digital signal processor for performing single 

sideband demodulation and at least one of the functions .of filtering .a. pilot carrier, performing 

automatic gain control using a feedforward loop, or decompanding of the digitized received 

signal to provide a processed signal 
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Serial Number: 08/7646S6 

Art Unit: 2414 

Page.3 

Any comments considered necessary by applicant must be .submitted no later than the 

payment of the issue fee and, to avoid processing delays, should preferably accompany the issue 

fee. Such. submissions should be clearly labeled ''Comments on Statement of Reasons for 

Allowance." 

Conclusion 

3. The prior art made of record and not relied upon is considered pertinent to applicant's 

diSclosute. 

Dejmek et aL ('898).discloses a method for time. compressing a voice message in a voice 

messaging method for selective call receivers. 

Hieatt, m ('215) discloses s selective call transceiver unit, selective call bas.e station in 

which the receiver processes the radio sign.als an4 produces output demodulated information. 

The demodulated information is coupled into the input ofa. microprocessor which processed the 

information and incorporates conventional analog-to-digital and digital-to-voice me.ssage from 

the receiver. 

Liberti, J:r. et al. discloses a selective call base station for use in a selective call 

communication system, comprising a transmitter coupled to the controller for transmitting 

selective call signals to selective call .receivers operating in the selective call communication 

system, a receiver coupled to the controller for receiving a modulated radio signal from a 
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Serial .Number: 08/764656 

Art Unit: 2414 

Page4 

transmitter within one of the selective call receivers, an analog-to-digital converter for digitizing 

the modulated radio signal and a symbol demodulator coupled to the carrier frequency estimator 

for demodulating a symbol value corresp<>nding to one of the serially transmitt.ed symbol 

intervals. 

Orlen et al. ('981) discloses a selective call commwtication system that includes an 

encoder fot encoding and compressing the data to form compressed data, and a controller for 

transferring the compressed data to a selective call terminal. 

Puckette ('589) discloses a digitally implemented single sideband (SSB) transmitter 

sitn.ultaneously generates a desired signaling waveform in. response to a single data signal input, 

multiplies it by a carrier function, generates the Hilbert transfonn of the signaling waveform ;md. 

multiplies it by a quadrature carrier function, and SUIIlS the two products to produce the SSB 

output. 

Wong (' 174) discloses an analog signal stacking method and apparatus permits 

transmission of n analog signals of given spectrum width over a narrow band commwtication 

circuit having bandwidth approximately equal.to the spectrum width ofone analog signal by • 

compressing the spectrum of each signal by a factor of 1 /n. 

4. Any inquiry concerning this communication or earlier communications from the examiner 

should be directed to Demetra R. Smith whose telephone number is (703) 308-6989. The 

examiner can nonnally be reached on Monday-Friday from 8:00 to 5:00. 
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Serial NUI11ber: 08/764656 

Art Unit: 2414 

PageS 

If atteinpts to reach the examiner by telephone. are unsuccessful, the examiners 

supervisor, E. Todd Voeltz, can be reached on (703) 305-9714. The fax phone number for this 

Group is (703} 305 .. 9731. 

Any inquiry of a general nature or relating to the status of this application or proceeding 

should be directed to the Group receptionistwhose telephone numbeds (703) 305-3800. 

w~t~ 
Demetra R. Smith 

Match 12, 1997 
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Notice of References Cited 

Application No. 
0B/764,656 

Examiner 
IApplleant(s) 

Demetra R. Smith 

U.S. PATENT DOCUMENTS 

DOCUMENT NO. DATE NAME 

3,793,689 Puckette 

4,586,174 Wong 

5,533,062 7-2-96 Liberti, Jr. et al 

5,068,898 11-28-91 Dejmek et al 

5,387,981 2-7-96 Orlen et al 

5,535.2.15 Hieatt, Ill 

FOREIGN PATENT DOCUMENTS 

DOCUMENT HO. DATE COUNTRY NAME 

NON-PATENT DOCUMENTS 

DOCUMENT llnoludlng Author,. TIiie, Soul'Ofl, and PertlMnt P•-! 

7 
1 
A ff A ..J~ · .. , t •• 1. * A copy of thil n1ferenc111 ii ni>t beir,g furnished with this Office ac1ion. 'i,MfJJ(,~U (S.e Manuel of Patent E,:•mining Prar;edure, s.ctian 707.05!11l.l 

u. s. Pa1en1 and r;£ma,1c Office cl/ /,,:J,/llJ 
PT0~892 (Rev. 9-951 7 / 1 Notice of References Cited 

Leitch et al 

I 
Group Art Unit l 

2414 I 

CLASS 

325 

370 

375 

381 

358 

370 

CLASS 

'l 

P1ge 1 of 1 

SUICI.MS 

137 

69.1 

334 

29 

400 

95.1 

SUBCLASS 

DATE 

Part .of Peper No. n 
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BEST COPY 
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- • . .., ··. _<·-----_ . , "~ ~ !""'le. ;, 

NOTICE,OFALLOWANCt:,....~-

MC1TDROLA INC 
JP L AW t:·EP~f-rfl"'.El\iT MS 96 
ltH)tj aATEtWW BU/v 
BOYNTOJ'.! ~ E'ACH PL :3342(;)-~t753 

s:::M11031,:;i - .,,, re FEE DUE 

APPLICATION HO. I FILING DATE I TOTAL C\AIMS I 

LEHCH,. 

\ 

ATTY'S D0Cl<ET NO. I ~LASS I BATCH NO. I APPt.N. TYPE l SrMU. EHTITY I FEE DUE I 
UHLITY 

08/19/9 7 

THE APPLJCAnON IDENTIFIED ABOVE HAS. BEEN EXAMINEDANDISAI.J.OWEO FOR ISSUANCE ASA PATENT. 
PBQ$EClmQN QN THE MEfffTS 1$ CLQ$EQ 

THE ISSUE FEEIIUSTBE PAID WTTHIN llfREE MONTHS FROII THE AWUNQ IJATE OF THIS NOTICE OR THIS 
APPUCAtlON SHALL BE REGARDED AS ABANDONED. Zlfll§TAllm28YefBIODCNfNQTBE EXlfNRfQ, 

HOW TO RESPOND TO THIS.NOTICE: 
l. Review the SMALL ENTITY status shown abOve. 

lf the SMALL ENTITY Is shown as yes, verify your 
current SMALL ENTITY status: 

ff the sMALL ENTITY ls shown as NO: 

A. ff the status is, changed, pay twice the amount of the A. Pay FEE OUE shown above, or 
FEE DUE shown and notify the Patent and 
Trademark Office Of the change in status, or lt 

B. If the status ls the same, pay the FEE DUE shown B. File verified statementof Srnan Entity Status before, or with, 
above. payment of 1/2 the FEE DUE shown above. 

U. Part B of thls notice should be completed and returned to the Patent and Trademark Office (PTO) with your ISSUE FEf. 
Even if the ISSUE FEE has already been paid by charge to depositaocount, Part B should be complet,ci and returned, 
If you are charging the ISSUE FEE to your deposit account, section "'6b" of Part B should be completed. 

m. All communications regarding this application must give application number and bat<tt. number. 
Ptease direct all communication prtor to Issuance to Box ISSUE FEE unless advised to the contrary. 

IMPORTANT REMINDER: Patents laulng on •pllcatlona nltld on or alter Dec. 12, 1980 may require p,,y,nlHJt of 
maintenance ,_._ It,. patentH's.f'8ll/10Mlblllty to.,,_,,. timely payment of malnffln!lr,oe 
,,,_ WMn due. 

3. PATENT AND TRADEMARK OFf'ICECOPY 
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4P1t? 
UNITED ftTATES PATENT AND TRADEMARK OFFICE PATENT J - /{.1(7 

APPLICATION 

SERIAL NO.: 

FILED: 

Leitch, et al. 

08/764,656 

12/11/96 CASE NO.: PT006 
ii 

APPLICATION: VOICE COMPRESSION METHOD AND APPARATUS IN 
A COMMUNICAITON SYSTEM 

COMMUNICATION TO EXAMINER 

Commissioner o.£ Patents and Trademarks 
Washington, DC 20231 

Sir: 

Attached is a confirmation copy of a .. fa.cshnile transmitted on Mar. 28, 

1997. 

Please direct all 
correspondence to: 

Motorola Inc. 

Respectfully submittec{, 

Lei.~et .. al. 

By:,A; •. Q.--/71 
·71· .·.· .. +.~" .. ......... ~ ..... ~·.·~····•· -. : James A. Lamb 

/: Agent £or Applicants 
...,j Registration No. 38,529 

Phone; (p61) 739-2860 
Fax: (56l) 739~282.5 

Intellectual Property Department MS 96 
1500 Gateway Blvd. 
Boynton Beach, FL 33426-8292 
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FAX RECEIVED 

MAR 2 61997 

Iii• 
INTELLECTUAL PROPERTY 
DEPARTMENT 

Ii MOTOROLA INC. 
PAGING AND TELEPOINT SYSTEMS GROUP 
.BOYNTON BEACH, FLORIDA 334.26 

FAX MESSAGE TRANSMITTAL 
FAX:. 561 ·739 .. 2825 
VERIFY se1--1ae.;2aso 

To: Examiner Demetra Smith F-rom: 
Phone= (70.1) 308--6989 Agent: 
FAX: (703)-305-9731 Phone: 
ApplkaHon number: 08/764,656 - Leich ehl.; filed 12/ll/96 

Number of Poges: 2 

Mru-ch 28,.1997 

lixaminer Smith, 

James .A. Lamb 
38,529 
407.,73~2121 

Transmitted herewith is a fotn, 1449, listing the prior art inc:luded with the 
cuntjnuation filing of our case number PT00600UC~1 tnade on Dec. 11, 1996 and 
itemized i:n the Informatio1, Oisdosure Statement included thcrt!with. ,Per OW' 
telephone conversation of May 26, 1994, plP.ase provide ~n acknow }edged copy of the 
forrn 1449 and amend your Notic;e of Allowance to include tnen.ticm of the ~rt, or 
provide ~-qujvalcnt docu1I1entation. Should you have any questions, call between 9;00 

'EJt1d 5:001 Monday thr:1.TU.gh Friday, at (561) '739-2862. I will follow tbis up with a mailed 
ct:m.firma ti.on copy. 

a.~ 
NOTICE: This fauimile transmissic:m may contain infotmation that is confidential, 
privileged OJ: exempt &om disclosure under applicable law. It is intended only fut tJu: 
per,$9n to whom it is addressed. Una11thodzed use, disclosure, copying or distribution 
m .. exppsc you to legnl liability. If you have received this transmission in error, please 
itrtlicdlately notify us by telephone (collect) to arrange for l'eturn of the docun,.ents 
red!ived and any copies :made. Thank you. 

Pagel 

i It # ! HIL890CCOL, t 
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,..---· 

Iii" 
INTELLECTUAL PROPERTY 
DEPARTMENT 

MOTORO'LA INC. 
PAGING AND TELEPOINT SYSTEMS GROUP 
BOYNTON BEACH, FLORIDA 33426 

FAX MESSAGE TRANSMl~Ai 
FAX: 561-739·2825 
VERIFY 561-739-2860 

To: Examiner Demetra Smith From: 
Phone: (703) 308--6989 Agent: 
FAX: (703)-305-9731 Phone: 
Application number: 08/764,656 - Leich et al.; filed 12/11/96 

Nu.mber of Pages: 2 

March 28, 1997 

Examiner Smith, 

g N 

-0 

ru ;;e:. ... 
c::, c;;; C: 

James•. Lamb 
38,52~ 
407-739-2721 

Transmitted herewith is a form 1449, listing the prior art included with the 
continuation filing of our case number J;>T00600UC01 made on Dec. 11, 1996 an.d 
itemized in the Information Disclosure Statement included therewith. Per our 
telephone conversation of May 26, 1994, please provide an acknowledged copy of the 
form 1449 and amend your Notice of Allowance to include mention of the art, or 
provide equivalent documentation. Should you have any questions, call Pt!tween 9:00 
and 5:00, Monday through Friday, at (561) 739-2862. I will follow this up with a. mailed 
confirmation copy. 

I 

NOTICE: This facsimile transmission may contain information that is confidential, 
privileged or exempt h'om clisdosu.re u.nder applicable law. It is intended only for the 
person to whom it is addressed. Unauthorized use, disclosure, copying or distributio,:1. 
may expose you to legal UabilUy. If you have received this transmission in error, please 
immediately notify us by telephone (collect) to arrange for return of the documents 
received and any copies made. Thank you.. 
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Notice of A/lowability 
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Group Art Unit 
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AJI claims being allowable, PROSECUTION ON THE MERITS IS (OR REMAINS) CLOSED in this application. If not included 
herewith (or previously mailed), a Notice of Allowance and Issue Fee Due or other appropriate communication will be 
mailed in due course. 

IXI This communication is responsive to-'-1=2/'-'1'""'1"'/9,,_6=---------------------=------
IXI The allowed claim(s) is/are ..,_1..=·2'-'4.._ ___________________________ _ 

D The drawings filed on _______ _ are acceptable. 

D Acltnowledgement is made of a claim for foreign priority under 35 U.S.C. § 119(aHd). 

0 All D Some* 0 None of the CERTIFIED copies of the priority documents have been 
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that the oath or declaration is deficient. A SUBSTITUTE OATH OR DECLARATION JS REQUIRED. 

0 Applicant MUST submit NEW FORMAL DRAWINGS 

0 because the originally filed drawings were declared by applicant to be informal. 

D including changes required by the Notice of Draftsperson's Patent Drawing Review, PT0-948, attached hereto or 
to Paper No. __ . 

D including changes required by the proposed drawing correction filed on ________ , which has been 
approved by the examiner, 

O including changes required by the attached Examiner's Amendment/Comment. 

Identifying lndlcla such as the appllcatfon number (see 37 CFR 1.84(C)J should be written on the reverse side of the 
drawings. The drawings should be filed as a separate paper with a transmittal letttar addressed to the Official 
Draftsperson. 

0 Note the attached Examiner's comment regarding REQUIREMENT FOR THE DEPOSIT OF BIOLOGICAL MA TERiAL. 

Any response to this letter should include, in the upper right hand corner, the APPLICATION NUMBER (SERIES 
CODE/SERIAL NUMBER). If applicant hes received a Notice of Arl6wance and Issue Fee Due, the'ISSUE BATCH NUMBER 
and DATE of the NOTICE OF ALLOWANCE should also be included. 
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I. Claims 1-24 are allowed. 
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DETAILED ACTION 

Allowable Subject Matter 

2. The following is an examiner's statement of reasons for allowance: The prior art does not 

show separately or in combination the limitations of subchanneling the voice communication 

resource and simultaneously placing at least one of each of the plurality of voice signals on a 

subchannel; compressing the time of each of the voice signals within each of the subchannels; 

wherein the step of compressing the time of each of the voice signals further comprises the step 

of using Waveform Similarity based Overlap-Add (WSOLA) time compression on the voice 

signals; compressing the bandwidth of plurality of voice signals by subchanneling the voice 

communication resource and modulating each of the plurality of voice signals about a plurality of 

pilot signals within the voice communication resource; a processing device for demodulating the 

received processed signal using single side band demodulation and time-scale expansion to 

provide a reconstructed signal; subchannelizing the communication resource into a 

predetermined number of subchannels; and a digital signal processor for performing single 

sideband demodulation and at least one of the functions of :filtering a pilot carrier, performing 

automatic gain control using a feedforward loop, or decompanding of the digitized received 

signal to provide a processed signal. 
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Any comments considered necessary by applicant must be submitted no later than the 

payment of the issue fee and, to avoid processing delays, should preferably accompany the issue 

fee. Such submissions should be clearly labeled "Comments on Statement of Reasons for 

Allowance. 11 

Conclusion 

3. The prior art made of record and not relied upon is considered pertinent to applicant's 

disclosure. 

Dejmek et al. ('898) discloses a method for time compressing a voice message in a voice 

messaging method for selective call receivers. 

Hieatt, ID ('215) discloses s selective call transceiver unit, selective call base station in 

which the receiver processes the radio signals and produces output demodulated information. 

The demodulated information is coupled into the input of a microprocessor which processed the 

information and incorporates conventional analog-to-digital and digital-to-voice message from 

the receiver. 

Liberti, Jr. et al. discloses a selective call base station for use in a selective call 

communication system, comprising a transmitter coupled to the controller for transmitting 

selective call signals to selective call receivers operating in the selective call communication 

system, a receiver coupled to the controller for receiving a modulated radio signal from a 
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transmitter within one of the selective call receivers, an analog-to-digital converter for djgitizing 

the modulated radio signal and a symbol demodulator coupled tc> the earner frequency estimator 

for demodulating a symbol value corresponding to one of the serially transmitted symbol 

intervals. 

Orlen et al. ('981) discloses a selective callcommunication system that ineJud~ an 

encoder for encoding and compressing the data to form compressed data, and a controller for 

transferring the e<>mp:ressed. data to a selective call terminal. 

Puckette (' 589) discloses a digitally implemented single sideband (SSB} transmitter 

simultaneously generates a desired signaling wavefonn in.response to a single data signal input, 

multiplies it by a carrier function; generates the Hilbert transform of the signaling waveform and 

multiplies it by a quackature carrier function, and sums the two products to produ~the SSB 

output. 

Wong (' 174) discloses an analog signal stacking.method and .apparatuS permits 

transmission of n analog signals of given spectrum width over a narrow band communication 

circuit having bandwidth approximately equal to the spectrum width ofone analog signal by 

compressing the spectrum of.each signal by a factor of 1/n. 

4. Any inquiry concerning this communication or earlier communications from the examiner 

should be directed to Demetra R. Smith whose telephone number is (703) 308-6989. The 

examiner can normally be reached on Monday-Friday from 8:00 to 5:00. 
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If attempts to reach the examiner by telephone are unsuccessful, the examiner's 

supervisor, E. Todd Voeltz, can be reached on (703) 305-9714. The fax phone nwnber for this 

Group is (703) 305-9731. 

Any inquiry of a general nature or relating to the status of this application or proceeding 

should be directed to the Group receptionist whose telephone number is (703) 305-3800. 

Demetra R. Smith 

April 8, 1997 4~/ 
SUPERVISORY P1~~1NER 

GROUP2400 
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•...... 
l~(NL'M!. CTUAL PROPERtJP91.IP2300 

~f DEPARTMENT Iii . ~OTOROLA INC. 
PAGING AND TELEPOINT SYSTEMS GROUP 
B'OYNTON .BEACH, FLORIDA 33426 

To: 

' 
[~AX 

]~ic. E. Todd Voeltz 
J'OR 
l :;ii:aminer Demetra Srnltb 

Phone: ( 703) 308-6989 
J-1 AX: f ;1'0$)-305-9731 
ApplicatiM l'1tl.mbcr: 08/7A4,656 

Number of] 'ages: 9 

May 22. 199:' 

Examiner S ::rtith; 

MESSAGE.TRANSMITTAL 
FAX: 561 •739-2825 
VE:RlFY 561-739-28«50 

Prom; 

Agent; 
Phone: 

James A. l~ornb 

38,529 
407-739-2862 

In ac;, ,:,rdancc with ~i1lr telephone conversatip;n, this .inon,i11g, I .arn tra.ne.ndtting 
herewith a ! et of claims corspondlng to those used to amend the PCT case, 
PCT/US96/ )0095. \ 

Ame1 ded daims 1, 2-.12, 13,. and 14-20 correspond respe<.'.'tiVely, to claims l, 4-14, 
16, and 18-2 l, of the orginally filed claims. Claims 2-3, 15, and 17 as originally fifod were 
ea11~lled. I··. the amended dailns, independe11t claims 1, 7, 10., 13, and 19 are amended. 
1n the amen :led claims, independent claims 14 and Z0, arid dcpcndtmt claim& 2-6, 8-9,. 
11-12, and l ::;_18 are unchanged frt)m the claims as filed. / 

A:m.Cl·1dcd dajm J differs from the amerrd'ed claim 1 as suppUed in the P.1ci 
amendment -' for reasons which follow: · / 

DFFIClAL 
Pagel 

S /l #! lEU.EiSOEiCDL.t +-NOJNA08 
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The J •\::::T omended d11im l rcl)d as follows.: 

SERTAl., NO. osn64,656 
DOCKET NO . .PT00600UC01 

~ :method for comp.,.essing a plu.r:.\lity <>f vciice signals within a 
vo ,ce communkatfon resour~c having a gjven l;,~1<:iwidth within a 
vo .i:e cornrnunicatio1, system, c:.:omprhdng the steps of: 

(a) subchtmnelh'tg the voice comn,.u.nkaOon rcsc.">'Qtce an.d 
sittUltaneoUsfy placing placing pairs of the plurality 1Jf voice 
si~ 1:lals on a $u bch~nnel using singl~ $ideb;trtd modulation; 

(b) :modulating t!ach of the pai"rs of the ph,1.rality (lf voice sjgnals 
ab :rut one of a plurality of pilot signal!li within a subchannel within 
th1 , voice communication resource; and 

(c) c:pmprcssing ~he time of each of th~ voice · sig:nals. Within 
ea, h of the .suhdtann.els, wherein. the t¢sult of steps (a), (b), and (c) 
pt, ivides a compressed voice signal. 

Step i:c) of the PCT amendeA c.:lairrt could infer placing moI'~ than one pair of 
voice signal, on a single. subchannel, which is not dc.1.s,~rihP-d in the detailed description. 
'I'hjs is dati ied irt the amended daitns supplied below by changing daim 1 to include a 
desc:ription :if pfa:cing a pair of the plurality of voice channels on a subchan:nel in step 
(a) to avoid this infe:rence. Other .changes a.re made in claim 1 to clarify antecedent 
bases. 

Ame1trlcd C:.:Jain, 7 as $µ,pplied herewith is modified ih the manner of amended 
claim l sup ,lied herewith. 

All .:J her claims are exactly as Supplied in the PCT amendment. 
!he t !,~tract was not mo<:lified in Lhe PCT amcndrnen.t. I have included an 

Abstract 1n< dified to correspond to claim 1. 

N<."1 new mater was add~d. If yo1.t rc<.J1.tire the daj1ns in a. different fvrm or need any 
~dditioi-tal i 1fotmation, please do not hestitate to call. 

Q 7f__;--
James A. La rnb 

NOTICE: 1 his facsimile transmission may contam infonnatioJJ that is col\fidential, 
privileged c r exempt from disclosw-e under applkable law. It is iJ;ttended only fur .the 
per$0l'I. to whom it is addressed. Unauthorized use, disclosure, copying ot distribution 
may expose you to 1ega1 liability. If you have rec11?ivecl this transmiesion in ettot, plc:r.s~ 
imn:,.ediilltel:, notify Us by teJ ephone kollci:t~ 'to ar:r,ange fot return of the documents 
received an• 1, any copies made:. l'h11nk you. 

Page2 
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m. the claiq ~ 

SERIAL NO. 08n64.656 
DOCKET NO.. PT00600UC01 

Please r.eplac~ the claims as filc.:d wi:th the following c;hJi~: 

1. (Amende i) A method for compressing a plurality of voice signals within a V'Oke 
cpmmunic::a. ::ion resource having a given bandwidth within a w,ke communication 
system, con prising the steps of: 

(a) :,ub ::hanneling the voice ~omm.u.~u~1.1th.m resource into a pluraJity uf 

subchanneh and simultaneously placing .a p~it of the plurallty of v...-,ke sjgnals on a 
~ubclla11nel using single sideband modulation; 

(b) mo falating the pair of the plurality of voice signals about .a pilot signal within 

the aubchu ii.cl within the voic:c r.ornmunkation rcso1.1:rce; and 
(c) c:c:,:n pr~sing the time of ca.ch of the voice. signals within the plurality of 

sttbchannel:., wherein the r~:;ult of steps (a), (b), and (c) provides a cot.npres~ed voke 
signal. 

2. The tn1:thod of claim l, wherein the sttj, of su,bchan.ne1ing further comprises the 
step of usin (5 quadrafure amplitude modulation. 

3. Th~ nt• •t.hod of claim 1, wherein the step of cmnprcssin.g the time of each of the 
voice signal ;: further ... ~ompris~ the step using time-scale compression on the voice 
signals. 

4. "the mn:hod of dalrn 1, wherein the step of compressing the time of each of the 

voke signah further compti$eS .Ule slep of using Wavef(>rm Similarity based.. Overlap• 
Add (WSOl ,/-\) time compression on the voice signals. 

5. Th~ m« thnd of claim 1,. wherein the step of c\rnpressing the tirne of each of the 
voice sign.,1l; further comprises the speaker dependent steps of i.dentifylng p.itc;h periods 
withh, each of the voice signru.R ~nd transmitting data frotn one pitch period to alter a. 

ti.me-scalin~ :fa clor. 

6. The mt thocl of clairn 1, wherein the step of com_prcssing the time of each of the 
voke signal: comprises the step of using. a speaker dcp~ndent modification of the 
Wavefotrn ~ imilarity based Overlap-Add. (WSOLA) tim~ compression technique on 

the voice sij;na.ls. 

Page3 
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SBRIA'.L NO. C>8n64,656 
DOCKET NO. Pr00600UOH 

7. (Amcndt! ~l) A fne.thod f<.u· compres!'ling a plurality of vuke signals within a voice 

comrnunic~ ;Jon .resource within a voice communicatfol't Rystcm, comprising the steps 
of: 

(a} sut r-hanneling the voice c:omrnunk:ati.on resource into. a. plurality of 
subchannel: and shnultaneously pfac:ing a pair of the phirality of voice signals on a 

$ubchanncl using single sideband modulation; 

(b) mo lulating the pair of the,~ plurality o{ vc..,icc !iignals about a pilot slgnal within 
the su,bchat nel withln the voice comrnunica tit•11. .re$0tttcc; a~d 

(c) con J?ressing the time of each of the vpice signals within the plurality of 
subchannel.:,. wherein the result of steps (a)., {l,), and (c) provides a compressed voice 

signal for 1:1 ~1n,smisslon via a. transmittf:1'. 

8. The m, ::thud of daim 1, wherein the rnt::thod further comp1'ises the step at the 

transmitter ;.£ ttartsmitti.ng the compressed voice signal to a plurality of selective call 

receivers. 

9. The m,imod of dairn 7, wherein the method further comprises the step of 
receiving th•:? compressed voice s~gmd and demodulating the compressed band width 
signals at 01 re of the the plurality of selective call receivers. 

Page4 
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SERlAL NO. 081764.656 
DOCKET NO. P'T"'00600UC01 

10. (Amend t:d) A commu,nic:ation sy.-;h:\m using voice com,pression haviI'1.g o:1t least one 

lrans.r.h.ittet ::,ast? sta tio.n .and a plurality of scfocti ve call receivers, comprising: 
at the ransrnitter base stntfot1.; 

an inp :rt device foT receivfug an audio signal; 
a proo !:,sing device for con.,pressing the audio signal using timP,<-sc::a 1e compression 

and a singl« ·side- band modulation .. t~chn19ue to provid.f:! a processed. signo.l; 

a pilot 11:orrier signal gcneto.tor th.at gen,:rates a pilot c.a,ttit..."'t for a pair pf single slde 
hand l:ilJ;,"l'll'.\l ,_ which includt$ the processed :-iigna l, wherein the pi1ot carrier serves as an 

amplitude u1d phase reference for distorti.011. that occurs ~s a resu.lt of channel 

aberrations; il.hd 
a trans :~itte.t' for transmitting the processed signal; 
at ead .of the plurality of selective call receiver$: 

;1 s~~lec ive ca.11 t1.':'.cei.ver for tei::civing the ttans,mittcd processed signal; 

a recei· rer circuit for detecting, filtering and responding to the amplitude and 
phase tcfcrt t\ce .gene.rated hy the pilot ca1Tittt signal generator; 

a proc:, ~ising device for demodulating the l"eCeived procc..'\scd signal using single 
side. band d :rmodu lation and time-~C'a le expansion to pnwide a rcconsttucted signal; 
a.nd 

an a.mi ,'}ificr for amplifying the reconstructed signal into an reco11structed audio 

signal. 

11. TI1.c co •i1m1,:micaficm system of dairn 10, wherein the single sideband 111oduJatio1, 
technique p •,;,vidPJ3 for the transmission of a i:;ingle message split between an upper sideband 

and a lower sideband. 

12, The co nmunkation syste1n of claim 10, wherein the single sideband modulation 
tedmiquc p '1lvide$ for the transrnissf('ln of a $inglc message repeated on an upper sideband 

and lower s deband. 

Page5 
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13. (Amend ,d) .A selcctiv~ caJl receiver for receiving compn.:-ssed voice signaJs, 

comprising 

a selec :Ive call receiver fo:r receiving a transmitted pcocessed signal that includes 
cnm.presised voice signals that have bt!en compressed 'll.sing thne-$calc ~Q'O."l.ptessi,ot1.; 

a proc1 ·:3s.ing devia? ft.',r demodulating the 1·eceived processed :signal, whcrciti said 
proc.:essix\g I levicc demodulare~ both ;m. uppcr and n lower sideband of a subchanncl, 
the uppe1" attd lower sidebands hnving independent information therein, and wherein 
finid proce$t :ing dt!vi . .::~ \.!Se$ t.bttc•i.;c.:al~ exp1:1,nsion to rm>V.ide a. te<:on.'l\tl'ti¢t;ed signal; 

a teccl rer circuit for detecting, filtering and. responding to the amplitude and 

phase refert nee generated by a pHot carrier signal g~~ratqr in a l:Tatlsmitter at a base 
station; and 

an am1 1lifier for amplifying .the reconstructed signal into an reconstructed au.dio 

signal. 

14. A sele< Uvc ca 11 paging b~se station for transmitting selective call signals on a 
commurdca i.on tCS<.lu.tce having "' predetermined bandwidth •. c:ornprising: 

an inpnt device for receiving a plurality of audio ,;ignals; 
a rnea1 a for subchannclizing the commitnicstiolt. resource .i:rtto a p:re;detet"mined 

number of 1ubchanncls; 

an am,1•litud,e compression and filtering mnd.uJe for each subchannel for 
compresains; the amplin1de of the respective audio signal and filtering the respective 
audj.o sigP.a ; 

a time ::ompression mndu 1~ for ~o.cnp.r~s.sing the time of the respective au.din 

signal fore. f:h subchannel; and 
a quad •ature ampJiti.ldt:! modulation. tram;mitter for transmittiltg the p:rocessed 

signal. 

15, The sel;,;ctive call paging base station of claim 14. whe:.'Nifin the input device for 
recdving a :;hmdity Qf audio signals comprises a paging terminal for receiving phone 
m'=!ssages ot p.ntn mttssagcs from a computing devkt1. 

Page6 
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SERIAL NO. 081764,656 
DOCKET NO. PT00600UC01 

16. Th~ $e 1?.dive coll paging ba$f;': $tation c,;f c:laim 14., wherein th<.~ ~plltude 
compr.essio: 1 ond filtering module comprises lllTI anti-alias filter coupled to a:n analog
to~dlgitut Cl nvertct coupled to a band-pa~s filter c:oupled to an automatk gafn controller 
and dipper cfrcuit. 

17. The se <!dive call paging base station c1f c'laim 14, wht-?rein the time compression 

module con1:1:irises a processing dcvic~ for compressing the audio signal using a llme
sc~lc c::c1rnp1 ,~ssfon techniqo.c. 

18. The se ective call paging base 1?tation of claim 14, wherein the time compression 
rru.>dule c:on ,?rises a processing dt.~vice for compressing the audio signal using a 

WSOLA l'iD 1c compression techni qu.e. 

Page7 
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$.l3RJAL NO. 08n64,65(5 
DOCKET NO. P1'00600UCOl 

19. CAtnettdid.) A selective call receiver unit: for receiving compressed vc:,ice selective 
call signa.]s, COlllprl!:iing: 

a recei rez- having a analog to digital converter for providing a dih11.fu:ed received 
signal; 

a digit 1l signal processor for performing single sideband demod.1.da.tion of a 
subchannel l1aVing a pilot tar,:1e.r and indepcn.dettt informatiQn. o.n an upper and a 
lower sideb tnd c,f n su.bchannel, wher~in the digital signaJ.ptoce~sor also perfortns the 

functions oJ filt~ring the pilot carrier, performing a1.H:omatic gain control usil"'lg a 
feedforwarc ·loop, and decompanding the digitized received signal to provide a 
processed si t'411a l: and 

a digih J l'o analog converter and t'econstru.~in.n filter for converting the pr0t?C'~ci~d 
signal into t ;digitized. ;;'II:tdio sign.al; and 

an am1 'Jifier for amplifying the digitized audiQ. signal •. 

20. A com rn,;r,kation base station, contprising: 
a terh"I:; t,ial for receiving a.n audio speech signal; 

an ana og to digital converter for converting the attdio speech ~ignal into a 

digitized sp iech signal; 
a digit. l sign al process1.'lt for prt.X.-essing .the digitized speech s-ignal by performing 

the function of splitting the digitized Speech signal and tit least .one of the func:tio:ns uf 
bandpa.ss fil t.ering, automatic gain control, time scaling, co:tnpanding, or buffering; and 

a trans )utter having at least a Hilbert transform filtcl' <;:oupled to a digitaJ to analog 
converter cc uplAd fo a reco11sh'1.lctit1n filter coupled kl a qlAadtature nmplitudt, 
1'Jlt1duJator, tliiclt is coupled to a radi<'l f:requency power amplifier. -

Page8 
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in the Abst: ~ 

SEJUALNO. 08/764.,656 
DOCKET NO. Pt'00600UCOI 

Please .:ancel th~ Abstract as fik-<l and use the following abstract: 

~-The prese 1t invention compri:ses a method for compressing a plurality nf voice 
sig11als witl ,:.n a voice.) com1nunication resource (Sc&.~ FTG. 6) having a given bai,dwidt.h 
within a vo i-:e com,munlc::::ation systel'1\. 'fhc .:i:neth(;d co1nprise;$ the steps of 

subchanncl:t;tg the vok~ commwtlcatfon rcsourre (441,442,443) while placing u. pair of 
the -plur1:1Ht: ,, of voic:::c signals on a $Ubcha.nnel using ~ingle sidebanq modulation; 

modulating ':he pair of the p1urality t>f voice signals about a pilot signal within the 
suhchanne~ and compressh1g the time of each of the voice signals within the plurality 
c.)f subcharu els, wherein these steps provide a compressed voice signaL--

END OF TRANSMISSION 

ra~9 

6 /8 #!U:l.SSOSSOLI 

; 
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Transaction tlsloly ·Dale ___ _ 
Date lnfonndon fWliWld hn 1USPTO ,,_tent 
~ lllfanntlan• Re1rleYII (PAIR) 

sys18m nKadaatwww.uspto.gov 

APPLICATION NO. FILINGDAlE 

r 

\ 

UNrrED STATES DS.PARTMENT OF COMMERCE 
Patent and Trademark Offfcre 
Address: COMMISSJONEFI OF PAlENTSAND TRADEMMt<S 

WashlngtOn, D.C. 20231 

FIRST NAMED INVENTOR ATTORNEY DOCKET NO. 

7 

1 · ARTUNIT PAPER NUMBER I 

Please find below and/or attached an Office communication concemlng this appllcatlon or 
proceeding. 

EU.JS B. RAMIREZ 
PRJMARV EXAMINER 

GROUP2400 

1•Flle.Copr 
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Notice of Allowabhfty 

Applfcation No. 

08/784,856 

Examiner 

Applicaot(s} 

Demetra R. Smith 

leitoh. •at 
Group Art Unit 

2414 

All claims being clllowab!e, PROSECUTfON ON THE MERl'T'S IS (OR REMAINS} CLOSED in this ctppticatloh, If not included 
herewith (or previously mailed), a Notice of Allowance and lss.µe Fee Due or other appropriate communication will be 
mailed in due course. 

IXl This communication is responsive to __ th __ e_A-'m.;.;.=en __ dm_· _en_·"'"t __ o_f .... th..;;e....;c""la""im=.;;.s ________________ __ 

IX1 The allowed claim(s) istare.:..1,!'-4.;..-...:;1...:;4:.., ..;..16;;;,:• •:..:• a::.;n:.::d....:1c.:B:...,:·2::,,..4::..· ------------~--------

• The drawings filed on ________ are>acceptable. 

D Acknowledgement is made of a claim for foreign priority under 35 U.S.C. § 119(a)•(dl. 

0 All O Some• 0 None of the CERTIFIED copies of the priority doc1,1ments have been 

• received. 
D received in Application No. (Series Code/Serial Number) _______ _ 

D recefved in this national stage applicatfon from the.International Bureau (PCT Rule 17.,2(aU. 

*Certified copies not received:--------------------------------
• Acknowledgement is made of a claim for domestic priority under ,'35 U.S;C. § 119(el. 

A SHORTENED STATUTORY PERIOD FOR RESPONSE tc:> comply with the requirements noted below is set to EXPIRE 
THREE MONTHS FROM THE "DATE MAILED" of this Office action. Failure to timely comply will result in 
ABANDONMENT of this ctpplication. Extensions of time may be obtained 1,mdet the provfsions of 3.7 CFR 1.136(<1). 

0 Note the attached .EXAMINER'S AMENDMENT or NOTICE OF INFORMAL APPLICATION, PT0•152, which discloses 
that the oath or declaration ls deficient. A SUBSTITUTE OATl-l OR DECLARATION IS REQUIRED. 

0 Applicant MUST submit NEW FORMAL DRAWINGS 

D because the origlnally filed drawings were declared by applicant to be informal. 

0 inctuding changes required by the Notice of Draftsperson's Patent Drawing Review, PT0~948, attached hereto or 
to Paper No. --·. 

D including changes required by the proposed drawing correction filed on ________ , which has 
approved by the examiner. 

D including changes requited by the attached Examiner's Amendment/Comment. 

fdentlfyfng indh:ia such as the application number (see 37 CFR 1.84(c)l should be wr!Uen on the reverse side of the 
drawings. The drawings sh0Ldd be flied as a separate paper with a transmittal renter addressed to the Offieial 
Draftsperson. 

0 Note the attached Examiner's comment regardlng REQUIREMENT FOR THE DEPOSIT OF BIOLOGICAL MATERIAL. 

Any response.to this letter should include, in the upper right hand corner, the APPLICATION NUMBER (SERIES 
CODE/SERIAL NUMBER). If applicant has received a Notice of Allowance and Issue Fee Due, the ISSUE BATCH NUMBER 
and DATE of the NOTICE OF ALLOWANCE should also be Included. 

Attachl'nent{s) 
O Notice of References Cited, PT0-892 
O Information Disclosure Statement(sl, PT0-1449, Papt,tr No(sl. ___ _ 

O Notice of Orattsperson's Patent Drawing Review, PT0-948 

D Notice of Informal Patent Application, PT0-152 

IXl Interview Summary, PT0-413 

1XJ Examiner·~ .. Amendment/Comment 

O Examiner's Comment Regarding Requirement tor Deposit of Biological Material 

D Examiner's Statement of Reasons for Allowance 

u. s. P•wit and Ti.doJ11111l Office 
PT0-37 (Rev. 9·95) Notice of Allowabllity Part of Paper No,.__!!__ 
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Art Unit: 2414 

EXAMINER'S AMENDMENT 

I. An examiner's atnendment t.o the record appears. below. Should the changes and/or 

additions be unacceptable to applicant, an amendment may be filed as provided by 37 

CFR 1.312. To ensure cortsi4eratio11- ofsuch an.amendmertt, it MUST be submitted no later than 

the payment of the issue fee. 

Authori7.ation for this examiner's amendment was given in a telephone interview with 

James A. Lamb on June 12. 1997. 

2. The application has been amended as follows: 

In.claim 1: 

Replace ''(a) subchanneling the voice communication resomce and simultaneously 

placing at lea.st one of each of the plurality ofvofoe signals on a subchannel; and" with -

(a) subchanneling the voice conununication resource into a plurality of subcbannels and 

simultaneously placing a pair• of the plurality of voice signals on a. subchannel; ..... 

Delete "{b) compressing the time of each ........... provides a compressed voice signal.,, • 

Add --(b) modulating the pair of the plurality of voice signals about a pilot signal within 

the subchannel within the voice communication resource using single sideband 

modulation; and--. 
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Add --(c) compressing the time of each of the voice signals within the plurality of 

subchannels, wherein the result of steps (a)1 (b }, and. (c) provides a compressed voice 

signal .. -

Cancel .claims 2-3. 

In claim 9: 

Replace "(a) compressing the bandwidth ofplUl'aJ.ity of voice signals by subchanneling 

the voice .communication resource and modulating each of the plurality of voice signals 

about a plurality ofpilot signals within the voice communication resource;° with --(a) 

snbebanneling the voice communication resource into a plurality c:,fsubchannels and 

simultaneously placing a. pair of the plurality of voice signals 9n a subchannel;--. 

Delete "(b)cqmpressing the time of the voice signal, ....... fot transmission via a 

transmitter." 

Add--(b) modulating the pair of the plurality of voice .signals about a pilot signal within 

the subchannel within the voice communication resource using single sideband 

modulation; and--

Add .... (c) compressing the time of each of the voice signals within the plurality ()f 

subchannels, wherein the result of steps (a), (b), and (c) provides a compressed voice 

signal for transmission via a transmitter. 

In claim 12: 
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On line 9, insert --a pilot carrier signal. generator that generates a pilot carrier for a pail- of 

single .side band signals. which includes the. processed signal, wherein the pilot carrier 

serves as an ttmplitude and phase reference for distortion that occurs as a result of channel 

aberrations; and-- after "a processing device for compressing the.audio 

signal ..... technique to provide a processed signal;" and before ~'a transmitter for 

transmitting the processed signal;". 

On line 13, insert --a.receiver circuit for detecting, .filtering and responding to the 

amplitude and phase reference generated by the pilot carrier signal generator; .... after ''a 

selective call receiver .... proeessed signal" and before "a. processing device for 

demodulating .... reconstructed signal; and 

Cancel claim 15 

In claim 16: 

Replace "a processing device fot demodulating the received processed ...... to provide a 

reconstructed signal; and'' with --a processing device for demodulating the received 

processed signal, wherein said processing. device demodulates both and upper and alower 

sideband of a subchannel, the upper and lower sidebands having indepet1dent information 

therein, and wherein said processing device uses time-scale expansion to provide a 

reconstructed signal;--

On line 9, insert -a receiver circuit for detecting, filtering and responding to the 

amplitude and phase reference generated by .a pilot carrier signal generator in a 
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transmitter at a base station; and- after i•a processing device for demodulating ..... a 

reconstructed signal" and before "an amplifier for amp1ifying ...... audio signal." 

Cancel claim 17 

Inc1aim23: 

Replace "a digital signal processor for perfonning single sideband ...... the digitized 

Pages 

received signal to provide a processed signal; and'' with -a digital signal processor for 

performing single sideband demodulation of.a subehannel having a pilot carder and 

independent information on an upper and a lower sideband of a subchannel, wherein the 

digital signal processor also performs the functions of filtering the pilot cattier, 

performing automatic gain control using a feedforward loop, and decompanding the 

digitized received signal to provide a processed signal; and--

Cancel the Abstract as filed. 

Replace the Abstract as follow: 

The present invention comprises a method for compressing a plurality of voice signals 
M , .f· . ~ 

within a voice communication resource (see FIG. 6) having a given bandwidth within a voice 

communication system (100). The method comprises the steps ofsubchanneling the voice 

communication resource into a plurality of subchannels (441, 442, 443), placing a pair of the 

plurality of voice signals (401, 402) on a subchannel ( 441 ); modulating the pair of the plurality of 

voice signals (401 J 402) about a pilot signal (581) within the subchannel (441) using single 
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sideband modulation; and compressing the time of each of the voice signals (4.01, 402) within the 

plurality of subchannels ( 441, 442, 443 ), wherein these step provide a compressed voice signal.-

3. Any inquiry concerning this com.mU11icatfon. or earlier communications from the examiner 

should be directed to Demetra R. Smith whose telephone number is (703) 308-6989. The 

examiner can. normally be reached on Tuesday-Friday from 8:00 to 5:00. 

If attempts to reach the examiner .by telephone are unsuccessful, the examiner's 

sup.ervisor, B. Todd Voeltz, can be reached on (703) 30.5-9714. the fax phone number for this 

Group is (703) 305-973 l. 

Anyinquiry ofa gen,eral nature or relating to the status of this application otproceeding 

should be directed to the Group receptionist whose telephone number is (703) 305-3900. 

June 12, 1997 
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UJfJTl:Q $TA~S DEPAffTIIE.NT OF CQMMERCE 
Patent and Tradtfflart om~ 

Add•.: Boie l$$VE FEE 
ASSlST~CO~S$10NeR F.ORPATEHTS 
WASHINGTON, 0,Q. 201231 

L_,,.,-- , . . 
( NOTIJE"~J:?UJ-OWANCEAND ISSUE FEE DUE 

'•·, ·-~-/ '/ '""·· 

APPLICATTON NO. Fl.ING DATE I TOTAL Ct.AIMS l EXAMINER AND GROUP ART UNIT I DATE MM.ED 

FltstNamod 
Applicant 

Trrt.EOF 
INVENTION 

CLASS•SUl'ICLASS I BATCH NO. APPl.N. TYPE SMALL ENTITY DA'TEDUE 

THEAPPUCA110NIDENTIFIEDABOVEHAS BEEN EXAMINED AND IS ALLOWED FOR ISSUANCEASA PATENT
PBQSECtl110N QN THE MEBUS f9 CLOSED. 

THE ISSIJEFEE MUST BE PAID wmn.· . N ffl80-~t>Af THE MAIUNG. DATE OF THIS NOTICE OR THIS 
APPLICA110N SHALL BE REGARDED AS ABAH NED. !!II& STATUJ"QRYPEBIQQ CANNQTBEEXJMPfQ. 

HOW TO RESPOND TO THIS NOTICE: 
I. Review the SMALL ENTil'Y status shown above. 

If the SMALL. ENTITY is shown as yes, verify your 
current SMALL ENTITY status: 

If the SMALL ENTITY Is shown as NO: 

A. Uthe status Is changed, pay twice the amount of the A. Pay FEE DUE shown above, or 
FEE DUE shown and notify the Patent and 
Trademark Office of the change In status, or 

B. If the status is the same, pay the FEE DUE shown B. FIie verified statementof Small Entity status before, or with, 
above. ',,, payment of 1/2 the FEE DUE shQWo above. ; 

If. Part B of this notice should be completed and retutriidto.the Patent and Trademark• Office (PTO) with your ISSUE FEE, 
Even if the ISSUE FEE has already been paid by charge to deposit. account, Part B should be completed and returned, 
rt you are charging the ISSUE FEE to your deposit account, section "6b" of Part B should be completed, _, 

Ill. All communications regarding thfs application must give application number and batch number. 
Please direct all communication prior to issuance to Box ISSUE FEE unless advised to the contrary. 

IMPORTANT REMINDER: Patenta Issuing on application• flied on or after D«:. 12, 1HO may n,qu/re payment of 
· malntenane11 fHs. It I• patentH'• ,_pon9lbHlty to enllUl'tl tlmelypaym,mt of m11l1ffifnan1» 

fM•whendile. 

3. PATENT AND TRAPEMARK QFFlCE COPY 
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Notice of Allowa6ility 

Application No. 

081784.656 

Examiner 

r; r. f ll e 
Applicant(sl 

Demetra R •. Smith 

\ 

Leitch et al 

Group Art Unit 

2414 

All Claims belog allowable, PROSECUTION ON THE MERITS IS (OR REMAINS) CLOSED in this application. If not included 
herewith (or previously mailed), a N.otlce of Alloyyance and Issue Fee Due or other appre>priate communication will be 
malled in due course. 

I&] this communication is responsive to .:.:;.th'-=e;..;;.A..:.:m.:.:.. =:en"'"'• dm::::.:•c:.::e::::.:nc:..t-=O.:....f.:.:.th!.:e;...:c::::.:18::.::im~;:.s ________________ _ 

I&! The allowed claim(s} is/are"". 1 • ...;4_·:...14~,...:1-=6"--,.=an:.::..:d:...· .:.;18;:;..·-=2...:..4 ________ ______________ _ _ 

D The drawings filed on ________ are acceptable. 

D Acknowledgement is made of a claim for foreign priority under 35 U .. S.C. § 119(aHd). 

D All D Some* 0 None of the CERTIFIED copies of the priority documents have been 

D received. 

0 received in Application No. {Series Code/Serial Number) _______ _ 

D received in this national stage application from the International Bureau (PCT Rule 17.l{a)). 

*Certified copies not received: --------------------------------
• Acknowledgement Is made of a claim for domestic priority under 35 U.S.C ... § 119(el. 

A SHORTENED STATUTORY PERIOD FOR RESPONSE to comply with the requirements noted below is set to EXPIRE 
THFIEEMONTHS FROM THE •oATE MAILED• of this Office action. Failure to timely comply will result in 
ABANDONMENT bf thts application. Extensions of time may bt:J Obtained under the provisions of 37 CFR 1.136htJ. 

0 Note the attached EXAMINER'S AMENDMENT Ot NOtlCE OF INFORMAL APPLICAl'ION, .. PT0-152, which discloses 
thatthe oath or declaration is deficient. , A $UBSTITUTE OATH OR DECLARATION IS REQUIRED. 

0 Applicant MUST submit NEW FORMAL DRAWING$ 

D becaos• the originally filed draWi11gs were declared by applicant to be informal. 

D inch.ldlng changes required by the Notice of Oraftsperson's Pateot Drawing Review, PT0-948t attached hereto or 
to Paper No. __ • 

D including changes required by the proposed drawing correction filed on ________ , Which has been 
approved by the examiner. 

• inc;luding changes reqUired by the attached Examiner's Amendment/Comment. 

Identifying tndicia such as the application number (see 37 CFR 1.84(c)) should be written or, tbe ,,verse side .of-the 
drawings. The drawings should be flied as a separate paper with a transmittal lettter addressed to the Offlciaf 
Draftsperson. 

0 Note the attached Examiner's comment regarding REQUIREMENT FOR THE DEPOSIT OF BIOLOGICAL MATERIAL 

Any response to this letter should include, in the upper right hand corner, the APPLICATION NUMBER {$ERIES 
CODE/SERIAL NUMBER). If applicant has received a Notice of Allowance and Issue Fee Due, the ISSUE BATCH NUMBER 
and DATE of the NOTICE OF ALLOWANCE should also be included. 

Attachment(S) 
• Notice of References Cited, PT0-892 
O Information Disclosure Statement{s), PT0-1449, Paper Nots). ___ _ 

D NOtiee of Draftsperson's Patent Drawing Review, PT0-948 

O Notice of .Informal Patent Application, PT0-152 

00 Interview Summary, PT0-413 

I&! Examiner's Amendment/Comment 

O Examiner's Comment Regarding Requirement for Deposit of Biological Material 

D Examiner's Statement of Reason, for Allowance 

1./. S, Palent and Ttad'"""" Offic• 
PT0~37 (Rev. 9-95) Notice of Allowability Part of Paper NO • .--2,!_ 
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EXAMINER'S AMENDMENT 

l. An examiner's amendment to the record appears below. Should the changes and/or 

additions be unacceptable to applicant, an amendment may be filed as provided by 37 

CFR 1.312. To ensure consideration of such an amendment, it MUST be submitted no later than 

the payment of the issue fee. 

Authorization for this examiner's amendment was given in a telephone interview with 

James A, Lamb on June 12, 1997. 

2. 7ation has been amended as follows: 

Inclaiml: / 

Replace "(a) subchanneling the voice communication resource and simultaneously 

placing at least one of each of the plurality of voice signals on a subch.annel; and" with -

(a) subchanneling the voice communication resource into a plurality of subchannels and 

sirn~usly placini.a.,pair of the plurality of voice signals on a subchannel;-. 

Delete "(b) compressing the time of each ........... provides a compressed voice signal." 

______ A_dd...., .... f•(b) modulating the pair of the pluralify of voice signals about a pil~t signal within 

the subch.annel within the voice communication resource using single sideband 

modulation; and-. 

• 
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£AJ.g}~-(c) compressing the time of each of the voice signals within the p1Ul'llity of 

Page3 

subchannels, wherein the result of steps (a), (b), and (c) provides a compressed voice 

/ 
Cancel claims 2-3. 

In claim 9: /------

Replace "(a) compressing the bandwidth of plurality ofvofoe. signals by subehanneling 

the voice communication resource and modulating each of the plurality of voice signals 

about a plurality of pilot signals within the voice communication resource;'' with(--{a) 

subchann.elingthe voice communication resource into a plurality of subchannels and 

Delet~)oompressing the time• of the voice signal, ........ for transmission via a 

transmitter." 

_____ -~~d~(b}modulating the pair of the plurality of voice signals about a pilotsignal within 

the subchannel within the voice communication resource using single sideband 

modulation; and--

&d~--( c) compressing the time of each of the voice signals within the p(µraUty of 

sµbchannels, wherein the result of steps {a), (b), .and ( c) provides a compressed voice 

signal for transmission via a _!l'ansmitter, 

/ 
Inclairn 12: 
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------~==lin=e~9~,~~~~~p~i~lo_t_c_~~-~~si~gn-al~~-n-e_ra_to_r~~-g-e-n-~-~-a-p~il~o-t-~-·-~-fi~o-r_a_~_u_m_~~~,---

single side band sigiuils which includes the processed signal, wherein the pilot carrier 

serves as an amplitude and phase reference for distortion that occurs as a result of channel 

______ ,::a:::::berra=:::ti:::o:!:ns::1·...::an=d~after "a processing device for compressing the audio 

signal... •. technique to provide a processed signal;" and before "a transmitter for 

transmittin~ocessed signal;". 

~ line 13, insert a receiver circwt or detecting, filtering and responding to the 

-~-~•.-----am-p-1-itu--de_an_d_p.Jhase reference generated by the pilot carrier signal generator; after "a 

( 

\ 
i 
' 1 

selective .call receiver .... processed signal" and before "a processing device for 

~ulating ... ~onstructed signal; and 

Cancel claim 15 _,,.,,, 
In claim 16: / 

i Replace "a processing device for demodulating the received processed ...•.. to provide a ( __ 
------~nstructed signal; and" withFa processing device for demodulating the received 

processed signal, wherein said processing device demodulates both and upper and a lower ,.. ,. .. 

sideband of a subchannel, the upper and lower sidebands having independent information 

therein, and wherein said processing device uses time-scale expansion to provide a 

-·-"- • - re~ted signal;--
/'-.---

______ On line 9, insertt-a receiver circuit for detecting, filtering and responding to the 

amplitude and phase reference generated by a pilot carrier signal generator in a 

, -" ,-'\ 
\ \ 
··- i 

~ -
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transmitter at a base station; and--\after "a processing device for demoduiating ..... a 

reconstructed signal" and before "an amplifier for amplifying ..... audio signal." 
~ / 

Cancel claim 17 _. 

In clahn £ / 
Replace "a digital signal processor for perfonning single sideband ...... the digitized 

Page5 

received signal to provide a processed signal; and" with~ital signal processor for 

performing single sideband demodulation of a subcbannel having a pilot carrier and 

independent infonnation on an upper and a lower sideband of a subchannel, wherein the 

digital signal processor also perfonns the functions of filtering the pilot carrier, 

perfoming automatic gain control using a feedfoIWard loop, and Hecompanding the 

digitized received signal to provide a processed signal; and-- ~GT 
/ 

Cancelthe Abstract as filed. 

Replace4he<-ct as follow: 

The present invention comprises a methodTor compressing a plurality of voice signals 

within a voice communication resource (see FIG. 6) having. a given bandwidth within a voice 

communication system { 100). The method comprises the steps of subchanneling the voice 

communication resource into a plurality of subchannels ( 441, 442, 443), placing a pair of the 

plurality of voice signals ( 401, 402) on a subchannel ( 441 ); modulating the pair of the plurality of 

voice signals (401,402) about a pilot signal (581) within the subchannel (441) using single 
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• yi ¥ sideband modulation; and .compressing the time or each of the voice si/jllals (401, 402)within the 

.,, 
plurality of subchannels (44 l, 442, 443), wherein these step provide a compressed voice signal.-

3. Any inquiry concerning this communication or earlier conununications from the examiner 

should be directed to Demetra R. Smith whose telephone nwnber is (703) 308-6989. The 

examiner can nc,rmally be reached on Tuesday-Friday from 8:00 to 5:00. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 

supervisor, E. Todd Voeltz, can be reached on (703) 305-9714. The fax phone number for this 

Group is (703) 305-973 I. 

Any inquiry of a general nature or relating to the status of this application or proceeding 

should be directed to the Group receptionist whose telephone number is (703) 305-3900. 

June 12, 1997 
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ATTY'SOOCKEr NO. 

.~ °'~ UNITED STATES DEPARTIIENT OF COMMERCE 

.• ~~f {j) =-~::_>OR_ 
~ ' WASHINGTON, D.C. 2Clt3f 

~ ~ , -, 
~/"~LLOWANOE AND ISSUE FEE DUE 

.I '-... 

/ 

FILING DATE , TOTAL Cl.Al.IS DATE MAILED 

CI.ASS-SUBCl:ASS I ,.BATCH NO. SMAU. ENTffiY ,· FEEDUE L DATE DUE 

THE APPUCAT1ON IDENTIFIED ABOVE HAS BEEN.EXIWINEDMID IS ALLOWED FOR ISSUANCE ASA PATENT. 
PBQHPWJPN•PN llfEMffllTSl§Cl,Q&Q 

THE ISSUE FEE MUST SE PAID.WITHIN·THREE MQNTH$ FROM TIIEIIAIUNG DATE OF THIS•NOTICE OR.THIS 
4PPUCATIONSHALL BE REGARDED AS.ABANDONEO. THI$ SfATl.lTQBYPER(QD QANNQTfJE E'fTENQ§p. 

"10W,TO RESPOND TO THIS NOTICE: 
Review the SMALL ENTITY status shown above. 
ff the SMALL ENTITY ·i$ shown as yes, verify your 
current SMALL ENTITY status: 

If the SMALL .ENTITY is shown as.NO: 

A:. lfthe·status is changed, pay twice the amount of the A. Pay FEE DUE shown above, or 
FEE DUE shown and notify the .Patent and 
Trademark Office .. of the change in status, or • -~:~~:::::.-v.:::~:~=:=o:~w::c· 

Even if the ISSUE FEE ha fllready been paid by charge to deposit acc.ount, Part B should .be completed ~r9tur!1ed. 
If you •e charging the ISSUE FEE to your deposit account, section "6b" of Part B should be completed~ ~'" 

It All communications regarding this application must give application number and batch number. 
Please direct all communication prior to issuance to Box ISSUE FEE unless advised to the contrary. 

MPORTA.NT REMINDER: Pt,tc,nts Issuing on appllciltlon• flied on or •tterDec. 12, 198() may ,equlre ,,.yment of 
mslnt1H111n<;41 feff. It Is paJentee's respon.U,lllty to ensure tl~IY,paym,mt of m•ntenancs 
tssswhendue. 

2.YOURCOPY 
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INTELLECTUAL PROPERTY 

,n DEP4RT¥ENT 
MOTOROLA INC. 

PAGING >.ND TELEPOINT SYSTEMS GROUP 
BOYN:(~N BEACH, FLORIDA 33426 

FAX 
To: Examiner Demetra Smith 

Phone: (703) 308-6989 
FAX: (703)-305-9731 
Application number: 08/764:,656 

Number of Pages: 8 

JtUle 12, 1997 

Examiner Smith, 

MESSAGE TRANS MITT AL 
FAX: 561•739-2825 
VERIFY 561-739-2860 

From: 

Agent: 
Phone: 
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In accordance with our telephone conversation this aftemoon, ram transmitting 

herewiL·h a set of claims corresponding to the amended set of claims transmitted to you 
on May 22, but showing the additions imd deletions with rc~pcct the US amended 
claims, using brackets and underlines. I have also ch,mged the claim numbers to the 
U.S. claim numbers. TI,e added phrase ''using sillgle side band modulation" has been 
moved from step (a} to step {b} in claims 1 and 9 to improve clarity, Changes have been 
made to the Abstract for improved darity. No new matter has been added. 

a.Li 
es A. Lamb 

NOTICE: This facsimile transmission may contain information that is confidential, 
privileged or e'll:empt from disdosure under applicable law. It is intended only for the 
person to whom it is addressed. Unauthorized use, disclosure, copying or distribution 
may expose you to legal liabili~. 1f you have received this transmission in error, please 
immediately notify us by telephone (ce1llect) to arrange for return of the docll.ments 
r~eeivcd and any copies made. Thank you. 
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ln the claims. 

SBR.lAJ .. NO. tl&n64.6S6 
DOCKET NO. PT00600UC01 

PIE:~ase rt-:placc the claims as filed with the following dai:ms: 

1, (Amended) A nu,thod for compressing a plurallty of vokc signals within a V(llCf.? 

cvoomw1,icat:icm resource .hijvi.ng. a given bandwidth within a vc)ice communic:ati.on 

system, comprising the steps of: 
(a) subchanneling the voic:e communicatil.,n Tt.~sourcc into a plurality of 

subchannels and shn1.tltaneously ph'>cing [.it: least.(>nP <.)f t!ad'l of] a pair of the pluta.IHy 

of voice sig:nais pn il. s'IJbchannel; [andJ 
(b) mod,ula.tiJ\g: the pair of the plurality of voice siWJ,als about a p;Jµt 1::1ig,nal within 

the s11bchaonel within, the voice communication resource using &inglc aidtd>and 
modulation: and 

[(b)l!cl compressing the time of each of the voice signals within [each ofJ the 

plurality of subchannels, wherein the result of steps (a), [and] (b), and (c) provides a 
cumpressed voice signat 

4. The method of daim 1, wherein the step of subchanneling furtheJ:' comprises th~ 

step of using quadrature amplitude modulati.o.t"I. 

5. TI1e .method of claim 1. wherein the step of compressing the time of each. of .th.e 

voice signals further comprises the step using time-scale compression on the voice 
stgt,als. 

6. The method of claim 1, wherein the step of compressing the time of each of the 

voice signals further comprises the step <..lf using Waveform. Similarity based OvE!rlap~ 
Add (WSOLA) titne t:i:1.rnp.res$i(,.ra Qn tht! vc,.">ice ~igna.L..:;. 

7. The method of dairn 1, wherein the step .ot,c:omprei:.sin.g the time of, ea.ch of the 
voice $ignals further comprises the speaker dependent steps of identifying pitch periods 
within each of the Voice signals and transmitting data from 011.c pitch period to alt¢t a 
titru~sca ling fuctc,>T. 

8. The method of claim 1, whereu, the st~p of compressing the time of each of the 

voice slgna 1s c:ompl'ises the step of using a speaker dependent modifica.Hon of the 
Waveform Similarity based Overlap-Add (WSOLA) tune compression tech.ttiq1.te on 
the voice signals. 
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SERIAL NO. osn64,656 
DOCKET NO. PT00600UC01 

9. (Amended) A method for compresi:;ing a. plurality of voice signals within a voice 

communication resource within a voke conununicati.on system, c:omprising th~ .steps 
of: 

(a) [co.mpressing the bandwidth <)f plurality of vok~ signals by] ~1.1hthanrt~ling the 
voice com.ttumkation resource [itnd modulating each of the plu.ral.ity of voice signals 
about a pluraUly of pilol signals within the voice cu.mmunlcafiun resource] .lnh.Li\. 

plura.lit,y of subchanncls and simuHaneousJ y Pl?du1 ., pair of tbe plurality of yoke 
Mgr,a Is on a subchannel: 

(b) modulating the pa:it of the: plur~~Ht:y of yqice siwials about a piJot sicnal within 
tbe subcbaoneT within the voice communication ti.'!.1:1ourc:~ U!lling ~ingl~ ~idP.hand 

m;odulatirm,: 9nd 
[(b)J ~ 1.xnnpressil\g the time c.,f each of the voice signals within the plurality of 

1:mbchannels wherein. the result of steps (a) .. [and] (b), and (s::) ptovides a. compressed 
voice i:;ignal for ttartsmission via a transmitt¢r. 

10. The :rn.~thod of dahn 9, whereit1 the method further comprises the step at the 

ttat'lSmitter of transmitting the compressed voice signal to a plurality of selective call 

rl.1ccivcrs. 

11. The method of claim 9, wherein the methoc:1 6.trther comprises ~he s~p of 
J:eceiving the compressed voice s·ignal and demod1.dating the compressed bandwidth 
!'lign.nli:. at ('Jne .c.,f the the plurality of selective. call receiver,:;. 
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12. (Amended) J\ ~rnmu.nitatio.n. .syt!ltctn using vvice comptesslqn having at least t''lne 
transmi™r base station a.nd a pltit~Hity of selective caU rccciv.e1•s, totrfprising: 

at the transmitter base station: 

an input device for receiving an at.1dio sign,a I; 
a prl1cessing device for ct">mpressing the a\Jdi.o signal 1.ising time.-sc::ale c<.1mpression 

.and a sihgl.e side band mvdul a tion teclmiqttc to pr,,vide ·~• processed signal; 

a pih',t cnrrier sisnal g,enerats'u;: that p;:nerates a pilot carrier tor a pa:fr of s;;pgl@ side 
band !'.iignals whic;h includes the pmces.'ied signa.J wherem. th~ pilr)t carrier serves as an 
w:npHtude and phase referent.e fpr distortion that occutfi as a result of channel 
j1bcrrqtj()11s; and 

a tran$rt'litter for tranAmitting the processed slgn.."11; 
at ea(".h of the plurality of .:iiclcctiVe call receivers; 

a selcr.;tive cull receiver for receiving the transmitted proccRsed signal; 
a, receiver c:i.tcuit tor detecting filtering; and respondini;: to the amplitude and 

phase rcforence generated, by tbe pllot carrier signal generator; 
a processing device for demodulating the received processed sign~) u.sing single 

~id!:': l,;md demodtdation and time-scale expansion tv prc.wjd.e a reconstructed signal; 

t1nd 
i.ln. amplifier for amplifying the tt!COIU1truded signal tnto an reconstructed audio 

signal. 

13. The corrttnunic=ation sys.tern of dalm lO, wherein. the single sideband mc:,dulation 

tedmique provides for the trani-imission of a single mc8snge split between an uppt.'T sideband 
and a lower sideband. 

14. The cpmmunication ~ystem of claim lO, wherein the .single sideband modulation 

technique provides for the transmis.<ifon of El single message 1'epeated on an upper i:Jidehand 
and lower ~idehand. 

Claim 15 is canceled. 
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SE.RIAL NO. 081764,656 

DOCt<El' NO. PT00600UCOI 

16. (.AmendL-d) A selective call r~eiver for recciving comp.resseti voice ~igm,Js, 
compriSing: 

a selective call receiver for receiving a transmitted pI"oc:cs..c.cd signal that irtdudc."l 
cornJ.lresscd voice signals that have been comp.i:csse:d using. time-scale. compression; 

a pmcessi11g device for demodulating the received pn.,ce$Sed .. signal [using single 

sideband demodulation ~nd). wherein said pn,,essing d,evic:e dem.c,du}"h:s bolh an 

upper and a Ivwt•r Sideband of a subchgnnel the upp,;:r pnd Jm-ver sideHands h.wjgg 
independent mtonnation th¢Nin. and wherein said pr<x:essing device uses time-scale 
expan..~ion t<,, provide a reconstructed signal; 

a receiver circuit for dcte~ filtering and riespqnding to the; ilrnpHtudc and 
phase referenct! gPne;rated, by a. pilot c;arrier sit;nal generator in a transmitter at a ha~ 
station; and 

an amplffier for amplifying the reconstructed signal into an reconstructed audio 
signal. 

Claim 17 is cancelled. 

18. A i:;eledivc c~Jl paging base station for l'ran~mittirtg selective call signals on a 

c,)mmunication rcsolll'ce having a. predetermined bandwidth, comprising: 
an input device for .receiving a plurality of audio signals; 
a means for subchannelizing the cornri-1.unication Tesow-ce in.to a prcdctermin~d 

number of subchanncls; 
an .amplitude compression and filtering m.l)dulc.: for each subc:ha11nel fot 

cnmprc~s~ing the ampHtude of the respective audio signal and filtering the respective 

audio signa 1 ; 
a time c..'Qmpresslon module for co.rnpressi.ng the time of the respectivt at.1dio 

si.gnal for each subchannel;.·a11<1 
a qtiadralu.re amplitude modulatit.)n t.rartsmittcr for transmitting the processed 

signal. 

19. '!'he selective call paging base station of claim. 18, wherein the input device for 
receiving n plurality of audio signals c:omprisc.~)l paging terminal for res=eiving phon~ 
inessages or data messages from a cmnputing device. 

Pages 
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noc~T NO. Pr00600UCOl 

20. The. selective caU paging hollse station. of claim. J.8, wherein the amp0tude 
compression and filtering module ~omptiscs ar, anti-alias fiJtc.~r coupled to an analog

fo-digita.1 converter coupled to a. ba.nd-pass filter coupled to an automatic.: gait\ controller 
and dipper circuit. 

21. The. selective call paging base station c.1f clai:rn 1.8, wherein the tbrtc compression 
module comprises a processing device for compressing the audio signal u.s:ing a tinte
scale compression technique, 

2.2. The selec.:tive call paging base statitrn <-.f daim 18, where.in the time compression 
m~u.le comprises a proccRsing dcvic::c for comprossing th<.! audio•signal using 1' 

WS()J,A time compression technique. 

Page6 
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23. {Am.L--nded) A a~lcctive call receiver LU1it for rec~iving corp.pressed voice selective 
c.:a 11 l)ignals, comprising: 

a rec;eiver havin.g a analog to digital cr;nvette:r for providing a digitized received 
signal; 

a digital signal processor for perfom1ing singlP. sideband demodu1atic,n [and at 

IPast or,.e of] ni s1 :;ubchannel haying a pilot cartier rum independent in.formplion. on an 
uppot and a l9wer sideband of a svhs:banoel wherein the digitid signal processor also 
performs the functi.on.s of filn:nng [a] tbs pilot carrier, pc1forming automatic; gain 
Co1'trol us1n.g a feedforward loop, and decom.pand ing the diglti~(?d tec::eived signal tl., 

px-Qvide a processed signa I; and 
a digital to analog converter and rcconstructio.n filter for converting t:he processed 

signal into a digitized audio signal; a.nd 

an amplifier for a,:npli!ying Hae digitized audio Signal. 

24. A communic:ation base .station, comprising: 
a terminal for receivm.g an audio speech signal; 
im c1nalog t:o digital converter for converting the au.d.io speech signal intc.1 a 

digitized speed .. signal; 
a digital !iignal -pmcei::sor for pro~ssit1g the digitized speech slgna I by perfo.rmin.g 

the function of splitting the:: digitized speech .signal and at !east one of the .functions •Of 
bandpass filtering, .lutomatic gain controJ, time scaling, companding .. or buffering; and 

a trc1t'l:;:rmtter having a.t least a .. Hilbert ttanMorm filter coupled to a digital to a.nalog 
converter coupled to a fe<:(.,nstruction filter cottplcd .to a quadrature amplitude 
rnc>dulotor whkh is coupled tc.1 a radio frcqu.cmcy power al'tlplifier. -

Page7 
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lo the Abstract 

$RR 1 AL N(). ()8f764,656 
DOCKET NO. PT00600UC01 

PJcasc cano.~J the Abstract as filed a.lid use the following abstract: 

--The p~sent invention comprises a method for compressing a plu..rality of vai<;e 

signals within a vokc cor.nmunic.:i.timi. T~sw..1rcv. (s1.?e FIG. 6) having a give.n bandwidth 

within a voice cori,munkation system (100). The method. <:om.prises the steps of 

subc:b.a.nn.eling the voice communication resource ltitoa p1ura1ity of subchll'l"!nels (441, 
442,443), pl~cing a pair of the plurality of voic;e signals (401,. 402) 011 a subchannel (441); 

1nodu.fating the pair of the plurality of voice signals (401,402) about a pil.ot signar (581) 
within the !{Ubchanncl (441) u.sing single s;deband 1i'H.1dttlation; and compressing the 
t.im.e of each of the. voice signals (4:01, 402) within the plutaHfy <">f subcltannels (44l, 442, 
44$), whet'ein th.ese sleps ~'Jrovlde a. comp.ressed vol.ce signal.--

END OF TRANSMISSION 
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lntel'lliew Summary 

Apf;)lii:ation No, 

08/764,668 

Examiner 

Applicant(&! 

Dwnetr• R. Smith 

All participants (applicant, applicant's representative, PTO personnelJ: 

Leitch eta! 

Group Art Unit 
2414 

{1) Demetra R. Smith 

{2) James A. Lamb 

(3) _________________ _ 

(4) ________________ _ 

Date of Interview _____ Jaa..ua:..n-'-·· .;.;12~,c..· ... 19;;;...:.9:....:7 ____ _ 

Type: IX) Telephonic O Personal (copy is given to O applicant O applfcant's representative). 

Exhibit shown or demonstration conducted: 0 Yes fXI No. lf yes. brief description: 

Agreement 00 was reached. D was not reached. 

Claim(s) discussed: 1-3, .9, 12, 15-17, at1d23 

Identification of prior art discussed: 
None 

Description of the general nature of what was agreed to if an agreement was reached, or any other comments: 
The applicant filed a PCT, In which the claims were amended. The a@licant wanted the claims and the abstract of the 
parent ca$e to correspond with tne filed PCT. The attorney/agent agreed upon an examiner's amendment to the claims 
and the abstract of the parent case. 

(A fuller description, if necessary, and a copy of the amendments, it available, which the examiner agreed would render 
the claims allowable must be attached. Also, where no copy of the amendents which would render the claims allowable 
is available, a summary thereof mt.Jst be attached.) 

1 . IX! It is not necessary for applicant to provide a sepatate record of the substance of the interview. 

Unless the paragraph above has been checked to indicate to the contrary, A FORMAL WRITTEN RESPONSE TO THE 
LAST OFFICE ACTION IS NOT WAIVED AND MUST INCLUDE THE SUBSTANCE. OF THE INTERVIEW. .{See MPEP 
Section 713.04). If a response to the last Office action has already been filed., APPLICANT JS GIVEN ONE MONTH 
FROM THIS INTERVIEW DATE TO FILE A STATEMENT OF THE SUBSTANCE OF iHE INTERVIEW. 

2. EJ Since the Examiner's interview summary above (including any attachments) reflects a complete response to 
each of the objections, rejections and requirements that rnay be present in the last Office action, and since the 
claims are now allowable, this completed form is considered to fulfill the response req1.1irernents of the last 
Office action. Applicant is not ,elieved from providing a separate record of the interview unless box 1 above 
is also checked. 

E)(amfhet Note; Vqu muet eign and stamp this form unless It is an attachment to a sign$d Office action. 

IJ. s. P•wftt ,llld Tnii:18~ Office 
PT0~413 {Rev, 10-95) Interview Summary 
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\ 

Applicent(al pplicetion No. 

oan64,sss Leitch et al 
Interview Summary Examiner 

Demetra R. Smith 

All participants (applicant, applicant's representative, PTO personnel): 

Group Art Unit 
2414 

( 1 ) Demetra R. Smith 

(2) James A. Lamb 

!3) ________________ _ 

14) ________________ _ 

Date of Interview -----"J=un"--'1"'"2"-'1=9=9-'--7 ____ _ 

Type: IX! Telephonic O Personal (copy is given to O applicant O applicant's representative). 

Exhibit shown or demonstration conducted: 0 Yes IX} No. If yes, brief description: 

Agreement IX} was reached. O was not reached. 

Claim (s) discussed: 1-3, 9, 12 15-17, and 23 

Identification af prior art discussed: 

None 

Description of the .general nature of what was agreed to if an agreement was reached, or any Other comments: 

The applicant filed a PCT, In which the claims were amended. The applicant wanted the claims end the abstract of the 
parent case to correspond with the filed PCT. The attorney/agent agreed upon an examiner's amendment to the claims 
and the abstract of the parent case. 

IA fuller description, if necessary, and a copy of the amendments, if available, which the examiner agreed would. render 
the claims allowable must be attached. Also, where no copy of the amendents which would render the claims allowable 
is available, a summary thereof must be attached.I 

1. tKI It is not necessary for applicant to provide a separate record of the substance of the interview. 

Unless the paragraph above has been checked to Indicate to·thtcontrary, A FORMAL WRITTEl'l RESPONSE TO THE 
LAST OFFICE ACTION IS NOT WAIVED AND MUST INCLUDE THE SUBSTANCE OF THE INTERVIEW. {See MPEP 
Section 713.041. If a response to the last Office action has already been filed, APPLICANT IS GIVEN ONE MONTH 
FROM THIS INTERVIEW DATE TO FILEA STATEMENT OF THE SUBSTANCE OF THE INTERVIEW. 

2. O Since the Examiner's Interview summary above Hnclucling any attachments) reflects a complete response to 
each of the objections, rejections and fequirements that may be present in the last Office action, and since the 
claims are now allowable, this completed form is considered to fulfill the response requirements of the last 
Office aetlon. Applicant is not relieved from providing a separate record o1 the interview unless box 1 above 
is also checked. 

Examiner Note: You must sign and stamp this form unless it Is an attachment to• signed Office action . 

U.S. Pftlm:nt aM T~rk Office 

PT0-413 (Rev. 10-951 Interview Summary Paper NO. _1_2 __ 
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PTOt.mUTYGRANT 

PaperNumber* 
TheCoonnissioner of Patents 

and Trademarks 
Has m1mdan appllclltw,rforapatmtft,ra 
MW and Ulefa,l u,wntion. . The· titll an# U• 
ICription of the invtntion aruncloffll. The 
rtq~.sR( law haw IJ,en complttdwilh, 
and It has been ti,rermined that a patent (HJ 

the inv,ntilJn shall /J, gronred under tht 1aHt 

11,etefore, tlw. 

United States Patent 

Grants to .the ptrson(s) having #tie to this 
TJ(lltnt tbe rigfu u, ~lude otlrtts from mak
ing, .using, offering for,~. or selling the in
vention. thro"ghout the United States of 
America or importing the invention into th4 
United.Sttues of America/or theternrset forth 
below. subject to the paymentofmainl~e 
fees as provuhdby law. 

If this applicalioii was filed prior to June 8, 
1995, the te.rtn of this patent is the longer of 
.ttventeen years from the daleofgrantofthu 
patent or twenty years from fire earliut ~c
rtve U.S. filing date o/th4 applicalit>Jf, sul,.
ject to My statutory ,xtensiQh.. 

If this application wa.r fil.ed on or after Jt111e 
8, 1995,. thetermi,fthis.pflitnt lstwentyyears 
from tli4 U.S. fiJing date, subject tt> Qlt '!talu

tory extension.. I/the applica.,ion contauu a 
specific reference to an earlierfiled applica,
tion orappUcati~ns ~r 35 U.S.C, JZO, 121 
or 365,(c), tM.Jermofthepattnt is twenty years 
from the date on which the earliest appllca- > 
ti(»J was filed, sMbject to any s.141u1ory ext~n• 
swn. 
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1 UNn1:D S'L\TES PA1.._ .r AND TRADEMARK OFFICE 
fl 

P]S,,\ 

Commissioner for Patois 
t!nilo4 Slalel Pai.nt and Trademltlc. Office ,.o. Box 1450 

Aloxandria, VA 2%313-1450 
www.uspto.gov 

MOTOROLA JNC DATE PRINTED 
IP LAW DEPARTMENT MS 96 
1500 GATEWAY BLVD 05/25/09 
BOYNTON BEACH Fl .33426-8753 

MAINTENANCE FEE REMINDER 

According to the records of the U.S. Patent .and Trademark Office (USPTO) the maintenance fee for 
the patent(s) listed below (for which the above address is on record as the fee add.rm under 
37 CPR 1.363) has not been paid within the six-month period set forth in 37 CPR 1.362(d). 
THE MAINTENANCE FEE MAY STILL BE PAID WITH THE APPLICABLE SURCHARGE SET FORTH 
IN 37 CPR 1.20(h). WITHIN THE SIX-'MONTII GRACE PERIOD SET FORTI! IN 37 CPR t.362(e). 

Unless payment of the maintenance fee and the applicable surcharge is received in the USPI'O 
within. tbe 1u-mon.tb grace period, THE PATENT WILL EXPIRE AS OF TIIE RND OF THE GRACE 
PERIOD. 35 U.S.C. 41(b). 

The total payment due is the amount required on the date the. fee is paid (and not necessarily the 
amount indicated belqw). All USPTO fees (including maintenance fees) are subject to change. 
Customers should refer to the USPTO Web site (www.uspto.8Qv) or call the Maint<mance Fee .Branch 
at 571-272--6500 for the most current fe.e amounts for the correct entity status before submitting 
payment.. The to~l payment due indicated. below is based Qn the entity status according to current 
Office records (shown below). 

Timely payment of the total payment .due is required in order to avoid expiration of the patent. 
A maintenance fee payment can be timely rnade 1.J$ing the .certificate of mailing or transmission 
procedure set forth m 37 CFR 1.8. 

u.s. 
PATENT FEE MAINT. APPL 
NUMBER AMT SURCHG NUMBER 

PATENT 
ISSUE 
DATE 

APPL. PAY- TOTAL ATTORNEY 
FILING 1'\ENT SMALL PYMT DOCKET 
DATE YEAR ENTITY? DUE NUMBER 

5689440 4110 130 08764656 11/ 18/97 12/ Jl /96 12 NO 4240 PT00600UC01 

The maintenance fee and the applicable surcharge can be paid quickly and easily over the Internet 
at www.uspto.gov by electronic funds transfer (EFT). credit card, or USPTO deposit account payment 
methods. The mailing addres., f Qr all maintenance fee payments not electronically. submitted over the 
~• is; U.S. Patent and Trademark Office. P.O. Box 979070. St Louis. MO 63197-9000. 

Direct any questions about this notice to: Mail Stop M Correspondence. Director •Of the United 
States Pa.tent and Trademark Office. P.O. Box 1450, Alexandria, YA 22313-1450. 

NOTE: This notice was automatically generated based on the amount of time that elapsed since 
the date a patent was granted. It is po~ble that the patent term may have ended or been shortened 
due to a terminal disclaimer that was filed in the application. Also. for any patent that 
issued from an application filed on ot after June 8. 1995 containing a. specific reference to 
Ul earlier filed application or applications under 35 U.S.C. 120, 121, or 365(c), . the patent 
~m ends 20 years from the date. on which the earliest such. application was filed. unless 
1e term was adjusted. or extended under 35 U.S.C. 154 or 156. Patent:ee should determine the 
levant patent term. for a patent before paying the maintenance fee. 

401 C7120071 
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MOTOROLA INC 
IP LAW DEPARTMENT MS 96 
1500 GATEWAY BLVD 
BOYNTON BEACH FL 33426-8753 

P75M 

' 

Commlsalooor fOT PatooU 
United States Patant and T,-di!IQart Office 

P.O. Box 14S0 
Aluandtla, V}L, n313.:14S0 

www.uspto.gov 

DATE PRINTED 

12/14/09 

NOTICE OF PATENT EXPIRATION 

According to the records of. the U.S. Patent and Trademark Offi¢e (USPTO), payment of the 
maintenance fee for the patent(s) listed below has not been received. timely prior to the 
end of the six-month grace period in accordance with 37 CFR l.362(e). THE PATENT(S) 
LISTED BELOW HAS THEREFORE EXPIRED AS OF THE END -OF THE GRACE PERIOD. 
35 U.S.C. 4l(b). Notice of the ex:pira.tion Will be published in the USPTO Official Gazette. 

Expired patents may be .reinstated in accordance with 37 CPR l.378 if upon petition, the 
maintenance fee and the surcharge set forth irt 37 CPR 1.20(i) are paid, AND the delay in 
payment of the maintenance fee is shown to the satisfaction of the Director to have been 
unavoidable or unintentional 35 U.S.C. 41(c)(l), 

If the Director a,ecepts payment of the maintenance fee. and surcharge upon petition under 
37 CPR 1.378. the pa.tent shall be considered ... as. not having expired but would be subject to 
the intervening rights and conditions set forth in 35 U.S.C. 41(c)(2). 

For instructi()llS on filing a petition under 37 CPR 1.378 to reinstate an expired. patent. customers 
sho\lld call the Office of P~titions H:elp .Desk at 571 .. 272-3282 or refer .to tbe USPTO Web site at 
www.uspto.gov/web/c,ffices/pac/dal)l)/petitionspractice.html .. The USPTCl also p.ermit.s 
reinstatement und.er 37 CFR. l.378(c) by electronic ~tition (e--petition) U$ing EFS-Web; 
e--petitions may be automatieally granted if all the .eligibility requirements are met. Por further 
information on filing an e--petition. please call. the Electronic Business Center . (BBC) at 
866-217-9197 (toll-free). or 571-272-4100 or refer to the BBC's e,-petition guide at 
www.uspto.gov/ebe/portal/efs/petition .... quickst.art.pdf.. 

U.S. 
PATENT APPLICATION PATENT APPLICATION EXPIRATION ATTORNEY 
NUMBER NUMBER ISSUE DATE FIL I NG DATE DATE DOCKET NUMBER • 

568g.lt40 0876.1t656 11/18/97 12/11/96 ll/18/09 PT00600UC01 

NOTE: This notice was a1.1tomatically generated based on the amount of time that elapsed since. the 
date a patent was granted. It is possible that the patent. term may have ended. or been shortened due 
to a .. terminal disclailner that was filed in the application. Also, for any patent that. issued from. an 
application filed on or aftet June 8, .. 1995 containing a specific reference to an earlier filed application 
or applications under 35 u.s.c. 120, 121, or 365(0), the patent tenn. ends 20 years from the date on 
which the earliest such application was filed, unless the term was adjusted or extended \lllder 
35 U.S.C. 154 or 156. 

MA4410 (1112008} 
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II> MCH TP£ NAME OR ACCOUNT C-NBR MLEDTE CURDTE F-C 
D 290 l 134778 00080 961210 970108 101 

NO MORE TRANSACT!ONS 

END OF YOUR QUERY 

$ AMOUNT 
1,.200. 00 
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PATENT APPLICATION FEE DETERMINATION RECORD 
Effective October 1, 1996 

FOR 

J
. BASICFEE 

TOTAL CLAIMS 

CLAIMS AS FILED • PART I 

INDEPENDENT CLAIMS minus3= * 
MULTIPLE DEPENDENT CLAIM PRESENT 

* If the difference ln column 1 IS less than zero, enter "O" ln column 2 

CLAIMS AS AMENDED - PART II 

Independent * 
FIRST PRESENTATION 0 

Total * Minus 

Independent ,.. Minus .,. 

FIRST PRESENTATION OF MULTIPLE. DEPENDENT CLAIM 

Column3 

PRESENT 
EXTAA 

=__, 

Columns 

PRESENT 
EXTRA 

OTHEATHAN 
SMALL ENTITY OR SMALL ENTITY 

X$11= 

X40= 

+130= 

TOTAL .___ ...... 
SMALL ENTITY OR 

AC)QI .. .----------1 
RATE TIONAL 

FEE ORl-----t"""""":;..-..--1 

X$11 = OR X$22= ..,__ __ ,.__---I 
X40= OR X80= ...,_ __ +----I 

+130= OR +260= 
--~TI-O~TAL~+-----tOR . 
AOOIT. Fee..__.... ADOll: Fee..__..,. 

ADDI- ADDI-
RATE TIONAL RATE TIONAL 

FEE OR1-----1t-'F...,· --1 

X$11"' OR )($22= 
11:---...... ---1 

X40:: OR X80= 
t---1-----1 

+t30= 

10TAL 
ADDIT.FEE.._ _ __. 

OR +260"' 
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Form PTO 1130 
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