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This invention relates generally to voice conpression and expansi on

techni ques, W gs,gﬁ g£ particularly to a nmethod and appar at us gdrmi&eésesas
conpressi on and expansion usi.ng a nodified version of Waveform

Simlarity based Overl ap-Add techni que (WOLA). 10 Backgr ound
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quality in the resuitant voice output signal or reduce flexibility in the
15 manipulation of such acoustic signals. The speeding up or slowing down
of music or speech using time-scale modifications (that preferably does not
alter the pitch) has many applications including dictation, voice mail, and
sound track editing to name a few. Another particular application, voice
message paging, is not economically feasible for large paging systems with
20  current technology. The air time required for a voice page is much more
than that required for a tone, numeric 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. Another constraint in limiting voice message
25 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 the form of
a personal keyboard or a call to an operator center. A voice system
30 overcomes these entry issues since a caller can 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 protocol structure, also known as FLEX™,
Existing voice paging systems lack many of the FLEX™ protocol
35 advantages including high battery saving ratios, multiple channel scanning
capability, mixing of modes such as voice with data, acknowledge-back
paging (allowing for return receipts to the calling party), location finding
capability, system and frequency reuse, particularly in iarge metropolitan
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version of the Waveform Similarity based Overlap-Add technique (WSOLA)
comprises the steps of storing a portion of an input speech signal in a

15 memory, analyzing the portion of the input speech signal providing an
estimated pitch value, determining a segment size in response to the
estimated pitch value and time-scaling the input speech signal for a given
time-scaling factor and in response to the determined segment size.

In another aspect of the present invention, a communication system

20 using voice compression having at least one transmitter base station and a

- plurality of selective call receivers comprises at a processing device for
compressing the audio signal using a WSOLA-SD technique and a
quadrature amplitude modulation technique to provide a processed signal
and a quadrature amplitude modulation transmitter for transmitting the

25 processed signal. And at each of the plurality of selective call receivers, a
selective call receiver module for receiving the transmitted processed
signal, a processing device for demodulating the received processed
signal using a quadrature amplitude demodulation technique and a
WSOLA-SD expansion technique to provide a reconstructed signal.

30 In another aspect of the present invention, a selective call receiver for
receiving compressed voice signals comprises a selective call receiver for
receiving a transmitted processed signal, a processing device for
demodulating the received processed signal using a single side band
demodulation technigue and a WSOLA-SD expansion technique to

35 provide a reconstructed signal.

In yet another aspect of the present invention, an electronic device that
uses a modified version of the Waveform Similarity based Overlap-Add
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PCT/ US96/ 00838 FIG. 3 is an expanded electrical block diagram of the bdse station

15 transmitter in accordance with the present invention.

FIG. 4 is an expanded electrical block diagram of another base station
transmitter in accordance with the present invention.

FIC. 5 is block diagram of a speech processing, encoding, and
modulation portion of a base station transmitter in accordance with the

20 present invention.

FIG.6 is a spectrum analyzer output of a 6 single-sideband signal
transmitter in accordance with the present invention.

FIG. 7 is an expanded electrical block diagram of a selective call

“receiver in accordance with the present invention.
25 FIG. 8 is an expanded electrical block diagram of another selective
call receiver in accordance with present invention.

FIG. 9 is an expanded electrical block diagram of another selective
call receiver in accordance with present invention.

FIG. 10 is a timing diagram showing the transmission format of an

30 outbound signaling protoco! in accordance with the present invention.

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 timing diagram illustrating a control frame and two

35 analog frames of the outbcund signaling protocol in accordance with the
present invention. '
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call receivers in the system 100. Each selective call entered through the
telephone 114 (or other input device such as a computer) typically

20 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

25 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 a time-scaling technique and a single
sideband modulation technique to provide a processed signal. The

30 selective call is then input to the selective call transmitter 102 where it is
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.

An antenna 104 within a selective call receiver 112 receives the

35 modulated, transmitted radis 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
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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

15 frequency receiver 105 to a decoder 107. 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 to the user of the
selective call receiver 112 that a selective call has been received. The brief
sensory indication may comprise an audible signal, a tactile signal such as

20 avibration, or a visual signal such as a light, or a combination thereof. The
amplified voice message is then fumished 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

25 messages can be stored and recalled repeatedly for review by actuation of
one or more controls 110.

In another aspact 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

30 wireless aspects of the system 100 including the 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 A/D 115 as shown with the dashed line.
Thus, in a voice mail, answering machine, sound track editing or dictation

35 system, an input device 11+ 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 110 would supply the
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A L L g
- 15 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 referring to FIG.
8, the compressed voice channel or voice communication resource
consists of 3 sub-channels that are separated by 6250 Hz. Each sub-

20 channel consists of two side-bands and a pilot camrier. Each of these two
side-bands may have 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 (all intended for the same
receiver or different receivers as desired and designed). The single sub-

25 channel has a bandwidth of substantially 6250 Hz with each side-band
occupying a bandwidth of substantially 3125 Hz. The actual speech
bandwidth is substantially 300-2800Hz. Alternatively, the quadrature
amplitude modulation may be used where the two independent signals are
transmitted directly via | and Q components of the signal to form each sub-

30 channel signal. The bandwidth required for transmission is the same in the
QAM and SSB cases.

Note that modules 150 and 180 in FIG. 2 can be repeated for use by
each different voice signal (up to 6 times in 25 KHz wide channels and up
to 14 times in 50KHz wide channels) to aliow for the efficient and

35 simultaneous transmission 2f (up to 6 in examples shown) voice messages.
They can all then be summed at a summing device (not shown, but see
FIG. 5) and preferably processed as a composite signal in 102. A separate



the follow ng description of FIGs. 7 and 8). The voice nessage is then
pr —--er such-e cH-e—aptt-Her—+68: he—p 6
anplifying it to a reconstructed audi o signal. The denvodul at ed
receiver address is supplied fromthe radio 15 frequency receiver 105 to a

decoder 107 ;?#.,li@ recei ver address matches any of t%‘rflﬁfﬁqo r
addr esses st“(’)dr,e I'n the decoder 107, an alert 111 is optionally

activated, providing a brief sensory indi@ation to the user of the
sel ective call receiver 112 that a sel ective call has_been received. The
bri ef serfignal (nat ghewn} eentaing the i modulationwd the ELEXThptatocol (asti | e

signal such as wibeaiescited iater) mcmmuywbnaimgeﬁéﬁihoam .ﬁanw%br a8l @

nbi nat i th . i fied voice neSsage i s then rni shed
fC(r)orr: ?ﬁel gﬂdi O%WWPFQ?MGQHP@%@‘ an audio | oudsgeaker within the alert
111 for nessage anRrafekablkin thenexamples showncherein, ahénaosming speech The
decoder 1075MamésaaBs is FacRiveRIBY theitBrmifaC 4. "Phé BR&IeNESySt&h (referablfBS Sages
SRR s (e b el o
portions of Fl Gompressiorhe Theupreferred compriessienneeitrﬁqheaasqmintthefpreseéit cé ation
devi ce, voice nedntidX SfeRlires BeMEin! eters sBBGHCE fftheShcoriBtnbsdpk 15! L1 ng
e o o iU eb o, o I o 15
frequency iBceicomprasiion processes the speechasignal into at sigmel Ihayingahd samed f rom
the ol ce_conpikghahfity Ehatididristics 83 uhe:;rhgﬁegﬁag%ge?ch. (GrPiRbgn Cireui try

5 0 W t ashe I'ne.

P ava' o

106 through the A/D 115 as s € Thus, in a
voi ce .mai |, andREAMelgrsate.romputed, d€ eorpressed usingftherdeasired tigw- system
SBeech 1 Gl i Biod rLAE » Ui a0l B DR B A b Gl Y
peech sign: iig a digital uceth
101. The vosce XbanBied 1S the #ﬂfﬁmﬁ% 1}"1‘??159 83?33&0; Sﬁﬁ C:jstmgfl#%:g SR e
encoded speech distributed to the transmitters of multiple simulcasting sites
in a simuicasting paging system would need to be decoded once again for
further processing such as amplitude compression. Amplitude
compression of the incoming speech signals (preferably using a syilabic
20 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 characteristics as uncompressed speech. This
25 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,
30 later described and referred to as "WSOLA-SD" is used. WSOLA-SD
retains the compatibility characteristics of WSOLA that allows the
combination with SSB or QAM moduiation.
Preferably, an Adaptive Differential Pulse Coded Modulation coder
(ADPCM) is used to encode the speech into data that is subsequently
35 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
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. pes’of frames are identical in length to standard
FLEX™ frames and both frames begin with the standard FLEX™
synchronization. These two types of frames are time multiplexed on a
single forward channel. The frame structure for the present invention will
be discussed in greater detail later on with regard to FIGs. 10, 11, and 12.
25 With regard to modulation, twa types of modulation are 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
30 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 band
limited voice (2800 Hz) and require 6.256 KHz for a pair of voice signais.
35 The protocol, as will be shcwwn 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.




each different voice signal (up to 6 tines in 25 KHz w de channel s and up
to 14 tinmes in 50kHz—w de c e+

si mul t aneous transm ssion of (up to 6 in exanples shown) voice nessages.
They can all then be summed at a summ ng device (not shown, but see

FIG 5) andyhysdid@P! Y processed as a conposite signal in 1@2rméosipg’ at e
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(not shown) contains the FM nodul ati on of the FLEX protocol (as
wil'l.be descri bed "IVaice $ystemodf the present imaintign iepeéerablytdesignedstof t war e or

as a har d%%rﬁte': of éi'tt?éi“'ﬁs l?l?‘!ﬁ 'orr %b KH7hfor\gard c:hatrﬁ')lrc-zfs‘c BuEBingr siz@ the

exanpl es shown 'S recelv by the

term nal 113. W@cﬁﬂ%ﬁrﬂeﬂéﬂ! Wﬁhﬁﬂr“&"@fﬁa’ﬁ&'"" of the M§§§"te{"¥¢ﬂ%‘ns &25 ng
schene or tec hnKHu dorwara chamne! supporteasinglé FM contro! @igriat saring coriths!

Pequi res oot ai fanes o B ém%ﬁﬁ%e{@eiiﬂ@ Reeasiflent  sinals MG h8
provi de an opt i Reasagepqrtign opvaice frames. A RO Khzlonvergchannel stpPsetsItwo 10
conpressi on pr oEpissontrol Signals operated Gntimel I6¢IOduriry éohiol frameBJand ap 16.7e

EZ?S&?E?JQ??%&%&%&EW éiyé fidepéha. 3@5'8%?@&7%@%&%5%% Rerten &L

scal i ng conpr esvies framernQf eoprserpthercopfigurationsiusing gifterers dizspeech i s
then encoderh usbaithidmsGirRumBsIeof sdbeRahiiels ke dgnals are tomteimpldteaui T ed f o

encoded speech MNP e brdent BVBLoD.” The axdmblés GRSGem naellfdlelefall, Sy "
sites i n aillustrativeand indicative etthe\potentiahbroad seope qfdjhmlaua% beegin.once
again for f ur th addiibAds Hse BPectHm emmaplachmed@mngﬁwmmﬁrml i tude

conpression of LRl BRI MtizSRST 5 e’ sPadtrim! Meprasdhl Mveand ifatdthedP! ©

15 embodiment, can utilize a speaker dependent voice compression
technique that time 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
overali compression factor per subchannel is 2 to 10 times. Voice quality

20 wili typically decrease with an increasing time-compression factor. The
compression 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. The modified form of WSOLA is dependent upon the particular

25 . 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 reverse
(inbound to the base receiver) channel is available. The frequency division
simplex mode of operation is one inbound operating mode supported.

30 (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 frequency division simplex, a separate dedicated channel
(usually paired with the outbound channel) is provided for inbound

35 transmissions. Inbound daia rates of 800 to 9600 BPS are contemplated
within a channel bandwidth of 12.5 KHz.



20 commander) is used at the transmtter to give protection against

channel I mpai r ment.Se—— o —. A-time scaling techni-gae—known as
Waveform Sim larity based Over| ap- Add techni que or WSOLA encodes
speech into an anal og si gnal havi ng the sane bandw dth characteristics
as unconpre ech. This 25 property of WSOLA al | ows igerfngsoboss® i ned
w th SSB or%’%ﬁn@gul ation such that the overall corrprlfassi on acﬂi eved
is the product of the bandw dth conpigession ratio of nultiple QAM or
SSB subchannel s (in our exanple, 6 voi ce channels) and the tine

conpr essi on rati o THe §\Etem df the presiehyinventiorbedn\be opératediintone dfrsgvieral pr esent

: Cion, o1 e \ . f e
hs S . oy THodss Hopbfiinb HhRe aVaieliny B o fefpfle HERREL Wiflefio ! cTred 1O
charact eri st i cteverseghanel igsavailpbleythe system is prafaiabhopasated;inisinsigas)r QaM
nmodul ation.  made for boihcdduresding and véiterhessagiid. f whentd rvefdel cianhered

s subsequeht b pravicgr (! dyblerh Bah BB boep if A iprabfoc RBEEhe Mbdach 7, o
the digital dawherebydbesaessages arg brogiicast-onlyson & sirgle @ngrasbsetiolspeech whi ch

is t henTﬁrml i t yelAsmitters RRETYWERG the pbrable doidd wHik CThetargsted Mdssagennel
g(é'T/S 8‘896 / 688253{10%‘9 is %haracterized\ﬁ? sc% u?c%%? éddressing to locate thg portable ﬁ?‘?% ert

transformed t ouoitt Ihe portablegveice Lot zespanisgran thespverse shaneelyprovides
then added o | e cemiomieARusll 6 (Boued rodailh Yefigmssich 0 the poRDle bl v
toa oo 6% pkedindh Ty Blaatsd meseape Bidtiecphaperstindy BovinBosels fen
nodul at ed and $hatitprovides theiopportunity for subahapnelsense;angdesansequently, oper at e
as a m xed- modeni§ iddeFofWperatitnt édn lead to increased system capacity in many large
systems.
15 FIG. 3 illustrates a block diagram of a first embodiment of a transmitter
300 in accordance with the present invention. 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
converter (ADC) 303 which is further coupled to the filter 301. The ADC
20 303 preferably converts the analog speech signal to a digital signal so that
further signal processing can be done using digital processing technigues.
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.
25 A band pass filter 305 coupled to the ADC 303 strongly attenuates
frequencies below and above its cutoff frequencises. The lower cutoff
frequency is preferably 300 Hz which allows the significant speech
frequencies to pass, but attenuates lower frequencies which wouid
interfere with a pilot carrier. The upper cutoff frequency is preferably 2800
30 Hz which allows the significant speech frequencies to pass but attenuates
higher frequencies which would interfere with adjacent transmission
channels. An automatic gain control (AGC) block 307 preferably coupled
to the filter 305 equalizes the volume level of different voices.
A time compression biock 309 preferably coupled to the AGC block
35 307 shortens the time requied for transmission 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-



one or two way conmmuni cations systemfor deliveri ng anal og voi ce and/ or

di gital nessages—to—sel ectiwe- = —
(outbound fromthe base transmitter) and for receiving acknow edgnents 10
fromthe same selective call receiver units which additionally have

opti onal wodsafegi tters (on an optional reverse channel (pdfgsderdodss 2

base receiver). The system of the present invention preferably

utilizes a synchronous frane structurtd simlar to FLEX[err] (a high

speed pagi ng protocol Motorola, Inc and subject of U S. Patent No.
5,282, 205, whi cBDi |@swﬂﬁeﬁmquetqmm;tomer methods could bmused: Aor war d

channel 101 0ot BmpiRlce i sioh Bk a1 1 , and BRsatHdgonditg af'“'?‘ra O e
preferably used8¥%"s§3‘§$'8§‘§?%€"bﬂmﬁ'\f§@ﬁé 7), mHP&P['%Ba"HE\g qvice

sel ective cal | wbichiis well kKnowno Il‘lm’ease)thqaappatbmasngnalde-mdI!atlo of thé PVU s) .
The voice frsiffeﬁecafv%d%%dcﬁ OThe'8d Iegﬁéﬁd: f&efé?%ﬂfz%slsuﬂgf;r%&%% dup the

PW s. Both t t t
FLEX err] 1 r aneahan (s ol B e Eppecigancanwlh e praseal IRasion, g the

synchroni zat i onpambulaemsmw;qiascmmmnnanm systemi suchrasl 4 paging system,a

be di Scussed | n S o ss e “15&"3"‘3’%"”&%53* gﬁef‘“ﬁé@“}ﬁ@ 117" ana 1

2. 25 ramARIpg r?BHIH"&PFGrf" onstifudeiaipagingh ar e
;[3] refer ?b::?\//l 1((}2 I transseitten (1 02naf FiGr d)aria s:tlzzbmseofhdréwomdﬁ?phhlly by ardr:gm|

gita Ok ot
carrier). Digita ?\Atween the @;ﬁpt hmmgﬁﬂ?%érﬁﬁé Fo %%éghg%of bot h
types of fr aness'gﬁﬂ'oaﬁ%rb"? could g’@cﬁ'@?@ﬁr\’é“@a@ QUFP(QOQQ 'Bq’ ylation-ont r ol
frames. AM nodu(RCMptecheinue &l thendaabsewuemlyluacudw usingeRCMdo reducerthe

conbi ned togeth l.ce nmessage
field of th voﬁ"(lzrg r gfngis ferred be pdgmd;t%ﬁﬂfdgﬂgﬁgﬁagﬁ
transni ssio %ﬂ?ﬁ'ﬂ 8%00 BPS (3200 Baud symbol s) signaling. The AM

po(rjt i ons of %he tr dnamymn’qa sacond bant pags filter 308 coupledito/thecmpitGed HZ)
1 oo Syifeskith Hodeut Bl e 88 (et ESBWARGERe (7
subdi vi ding a f4§ PUQHJWP“F'RF@ @zgomnkam rfeqquengy,gomponents  sj ng
each subchannel genetatedcby e AGEI807( the time iconpipessitsmblotie 3090 the
20 amplitude compression block 311. The 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 speech frequencies to pass but attenuates higher frequencies
25 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
30 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
35 ' 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
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System of the present invention is preferably designed to operate on
either 25 KHz or 50 KHz forward channels, but other size spectrumis
certainly within contenplation of the present invention. M

f orward chaWﬂéF’ré'&bports a single FM control signal during contsr 5

frames, and up to 3 AM subchannels (6 ind@ependent signals) during the
nmessage portion of voice frames. A 50 KHz forward channel supports two

FM control si gaBjesticidigit THe time tompre8sed dpé edmsuamtffommermamnﬁ up to 7

voi o {1 amBs. Se&%@%ﬂﬁé’i&ﬁ&dﬁﬁfﬂb@hﬁ%@ T il 3294 ﬁ%ﬁsﬁﬁﬁsﬁt‘%@

bandwi dt hs and 3G whighshas tr@mmdabmsahq Hilbgr Anapstorm fiitenthutdoes aat

within the pre%ﬂf&wisé\éﬁfébt%s@'ﬁm exanpl es di scl osed herein are nerely

I Llustrativg and ipdi f Ihe | oads of .the cl.ains
nerein 5 " ' Tip Sl B ffe i oBak ke eRBliof BRE S ina G b ough
modul ati on 313handthe ldibmhtsansfm ﬁhero'sza fnansmspectmely, theamppnaser(t)
invention, in apRalqyadrakire @AM r SiGebandPRB) sisgeendent voi ce
conpr essi on eech ct f 1to
S Thes. By usPidgband (SHHF pioRR) Jﬁ*aaslm@sof?'aﬁ 08, Sa, 4nq te msaiwgiﬁﬁﬁ
conponent s) of ohtheuiitextinansform filtérdorm, repedtivelypthetinghase(l) @hd same nessage
or differepp "RpadkRdre () Lomponefit6ed io@wmpqnsgggggreeﬂgmé?ﬁ&;ﬁhanne'

i ncreasing ti r’rﬁ-ql,@hal §ﬁ%ﬁ %l{sg}on 'T'ﬁ)é ereiw%g ﬁ%‘ﬁﬁrnl que
preferably usemdd)andeawmdmated/bymmnaqumeewm invention is a

modi fied formof a Br Sagbdritis!3el 1 WeRs/IONB tifle comprddBea’ or m
Simlarity based Q/erla dte r.ev

menti oned. The SRBEEH F'@B&P ﬁ;qﬁo&er\m@ a?eﬁ)‘ﬁféﬂf’p "la %‘glya‘ﬁ'}s&'m ar 25
speaker or 15peeacseconddiméncomprassed rspeech $igaalbySIsing anotheBSindilar Speaker
dependent ', WhigRsiffiter dpRraHR AP #RAAoWRF SideBiind. SSB is the pfdtéfed | o0 °F ! he

ecerver) chan k@é‘dd@l%ﬁ Capge of pHlglRch 9o g e AR R o

resistance to crosstalk. Double sideband Amplitude Modulation (AM) or
frequency modulation (FM) could be used, but would require at least twice

20 the bandwidth for transmission. it is also possibie to transmit one time
compressed speech signal directly via the | 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 reception occurs at the receiver.

25 A direct current (DC) signal is added to the | component of the signal
to generate the pitot carrier, which is transmitted 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 | and Q
components of the signal are converted to analog form by digital-to-analog

30 converters (DAC) 319 and 327 respectively. The two_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 | and Q signals onto a radio frequency (RF) carrier at

35 low power level. Other moculation methods, e.g., direct digital synthesis of
the modulated signal, would accomplish the same purpose as the DACs
(319 and 327), reconstruction filters (321 and 329), and QAM modulator
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(U.S. Patent Nos—4,875, 038 - assi-ghee—of
t he present invention, Mot or ol a, Inc., illustrate the use of mul tiple
acknow edge signals on an inbound channel and are incorporated herein

by referencg% M{dr equency division sinplex, a separate degigaksisbogagannel
(usual l'y pai % h the outbound channel) is provided for 1 nbound 35

transm ssions. Inbound data rates of 800 @ 9600 BPS are contenpl at ed
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compression block 411, and a bandpass filter 408 coupled and configured

15 asin FiG. 3. Operation of the transmitter of FIG. 4 is the same as in FIG. 3
until an entire speech message has been processed and stored in a buffer
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

20 ftransmitted via one sideband and the second half of the time compressed
speech message is transmitted via the other sideband (or alternatively on
each of the | and Q components directly).

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

25 block 415 which has the same delay as the Hilbert transform filter 423 but
does not otherwise affect the signal. The output of the first time delay
(through summing circuit 417) and the first Hilbert transform filter 423
(through summing circuit 485) are In-Phase (l) and Quadrature Phase (Q)
signal components which, when coupled to | and Q inputs of the QAM

30 modulator, generate upper sideband signal having information only from
the first portion of time compressed speech samples. The second time
compressed speech signal from the buffer 413 is applied to both 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

35 affect the signal. The output.of the second time delay (through summing
circuits 459 and 417) and the negative (463) of the output of the second
Hilbert transform filter 461 {(and again, through summing circuit 465) are in-




input to an anti-aliasing |ow pass filter 301 which strongly attenuates al
frequenci es above one-h heg: sanpling rate of an anal og=to-digita
converter (ADC) 303 which is further coupled to the filter 301. The ADC 20
303 preferably converts the anal og speech signal to a digital signal so

t hat f i-gnal processing can be done using digitgéyppédgheEs NI

t echni ques. %6%75%@ tal processing is the preferred nethod, but the sane
functions could aI so be perforned wi 14 anal og technl gues or a

conbi nati on of anal o i tal techniques. A band pass

filter 305 coupPhage Q%QAE@%'@J’Q asgrigl)\signal §ﬁ@&9@§“‘3 which,whefuenci es
bel ow and abOV@cddpfea?MtICéﬁd Qrinstits ot trsQANMmodalatsr, gendraife upper sidebasgency is

Pros but at t erilgrd havgedn qf%&%féﬁ@@é&wﬁ%ﬁ%fﬂ‘) 5366 of timg SHESHRE °5 1°
pilot carrier. Speechisamples.t D¢ | faomponeots ofthe upper and lowessiiebandHz whi ch
i gher 1 1equency SnaSare Ra86s "‘““ff???‘”’“r‘ Earrep cORponah (oUGH SaiRing

channel s. An aﬁ%%@f&%&?ﬂmw (‘3‘@}“%“89‘2%%% PR ) @oupl ed

to the filter mmnfaits németmnperanddeweessdebmd aignalsmataddedcﬁhsough
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nai nt ai ni ng ess¥ tt?ea Rfe?'ﬁﬁedgéﬁiee@m 2{,%9483 ﬁ%?-a@ég?q? h@g%%uf‘ggf t he
bandpass fil1Q er4B)327TAR1 1 antk429 fgymea praprocassbowhich generatesbl y VWBOLA-
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W11 be expl af nBadHAHr, 463 genasate e riow lexal subchansel sopel Witk a susgarrer
anpl i t ude conprEAshaving two Isirigjlé sideband bignals; whighcmalienigdepgridentide
expansi on bl OCkin?&%étiBn%ﬂm Yifbbar (FIG 7), for m a conpandi ng devi ce

15 The transmitter 400 further comprises DACs 419 and 427,
reconstruction filters 421 and 429, QAM modulator 433, and RF power
ampiifier 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.

Preferably, in both transmitters 300 and 400 of FiGs. 3 and 4

20 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. The remainder of
the devices can preferably be incorporated into software which could be
run on a processor, preferably a digital signal processor.

25 FIG. 7 illustrates a block diagram of a receiver 700 which preferably
operates in conjunction with the transmitter 300 of FIG. 3 in accordance
with the present invention. A receiving antenna is coupled to a receiver
module 702. The receiver module 702 includes conventional receiver
elements, such as RF amplifier, mixer, bandpass filter, and intermediate

30 frequency (IF) amplifier (not shown). A QAM demodulator 704 detects the |
and Q components of the received signal. An analog-to-digital converter
(ADC) 706 converts the | and Q components to digital form for further
processing. Digital processing is the preferred method, but the same
functions could aiso be performed with analog techniques or a combination

35 of analog and digital techninues. Other methods of demodulation, e.g., a
sigma-delta converter, or direct digital demodulation, would accomplish the
same purpose as the QAM demodulator 704 and ADC 706.



which is well known to increase the apparent signal-to-noise ratio of the

5 —recei ved speech—The conpahdihrg—tatto—+s—preterably—2—to—t+n—dectrbets—

but other ratios could be used in accordance with the present
invention. In the particul ar instance of a comuni cation system such

as a pagi ng@dw t he devi ces 301-309 may be incl udegcisssdesss NO
termnal (1130 G 1) and the renmai ning conponents in FIG 3 could

constitute a paging 10 transmtter (102 d® FIG 1). In such a case, there
woul d typically be a digital | ink between the paging ternmnal and
pagi ng transnmitter.A onward automatigegain contsoldAGC) 708 vess thepilodbul d be

encoded using acaidef araiRAftaPalthg Wil the time coinplestBa y e&wi@ &, k8N

subsequent |y decpded using,. to reduce the er o B
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300 Hz which al N CGHR ioqgﬁ ' HRSH

att enuat es Iomg%&%yﬁ 4 i Eﬂ\'/‘\zo:h%? ﬁ?rslggrsf,er é\nse?hetiﬂe pl?'(‘)%?bl'rcr:%rri er.
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si gni fi cant1@peech If thelime compressedapeeblysignal was raasmitieghor theruppeenci es 25

whi ch woul d i nt %Eﬁéﬁ%"th&%{dﬂh%?%HﬁE%ﬂﬁHﬁff&?n?ﬂltW@'a%dsd through, _ T0°
time conpressed speech sanples.are prerer % y. stored 1n a er 313
until an enti res‘éﬁglé%"m bét‘ﬂy&e B’é’PHt B’? gdime.gelay hlogk 710 to prodice ¢ he

ti me conpr essedthepraeovensddismgeormprassed speech signali iftiwsitime compressethol e. Thi s

Cypi cal [y a. non PesyFyifnd vl %?*égj?‘. o 18 ik sidnet e ot oftne ' <
preferabl e ?%r Bilpert t’éﬁgﬁf"&i‘it% 2 | tractadii746) rgfp the, ouipyt ptibe;time
it nvgl \(;:‘ nguf Cor telay \biockr Z2H) tctpmﬂpwthaermvemu,timéleomwes;edicpeech hynggi s -
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exampl e, if the W @aantire message has been receiveck Other ufferingne speech
signal s coul d bmethadssaretdisaipgssible. (See theidistussiohavithefFIG. Bl)e 3 transni ssions
coul d be i nagr | eavegh g e iERREIon'Block 720 WaHe ' dohLAGEER whHTibS and the
resul ting delays W?_ul 0 e, . _
amplitude compression block 311 of FIG. 3 to perform the companding
function. A time expansion block 722 works in conjunction with the time
compression biock 309 of FIG. 3 and preferably reconstructs the speech
into its natural time frame (for audio output through a transducer 724) or
25 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 receiver-to-computer interface can be a PCMCIA or
RS-232 interiace or any number of interfaces known in the art. The time
compression method is preferably WSOLA-SD, but other methods could be
30 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.
35 FIG. 8 illustrates a block diagram of a receiver 750 which 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
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obj ectionabl e. The tine conpressed speech signal fromthe buffer 313 is

applied to both to a Hilbert transformfilter 323 and to a tine delay bl ock
315 which has the same delay as the Hilbert transform filt ecpniRsdoessses not

ot herw se a‘F’P@E’?’%e signal. 5 The output of the tine delay block 315
(through the summi ng circuit 317) andethe Hilbert transformfilter 323
form respectively, the in-phase (1) and quadrature (Q conponents of

an upper si debagg2(a/GAM motiulator 754, ani ARO 7156, & FeBp-forward AGC768patimet of

the tine dela t t fe
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ggnggcte: g Eer t hgamaney FIG!. 7I am the outpat sfehatithe delay bidck Z6@ dnt\Hilbbet dot t ed

5
conpressed S vapsiop et ﬁ?ﬁ "o B0 of 8Hkort st ity 763% BbdedteR 11 0
si nul t aneousl y thexautput ofi et@%@%‘éﬂ@@k HQ‘%§%"§@B}§'€W"JQ}S$¢ by using
anot her simil ar proguce!thaeiveréd tlﬁéedo?ﬁpr%swsﬁé&ri Sigeal corresponding 858 i s

the preferred

transm ssi on baﬁW‘%?ﬁatHb{ ens%%gﬁ#gﬁgw gébgﬂpwlﬁé@?q}p& deband
Anmpl i t ude Mvdul sidebandAThesutput of the U&bﬁ!’hﬂ’?ﬂﬁﬁﬂﬂmlﬁ@f?ﬁ? isrvptractedd76@ used,
but woul d regui fRnithd ARPhHE éMhéﬁm%OdeWBlobmemdbrbdm the mwenwtm It is

al
Via the T componerraspeerben sigfR) paresedrOR] (NG seBRREfist of Mpdph™c! |V
directly via thenessagepdhionwasiitansmitted om theylower sidebgndsent enbodl nment this
[fgggof'l gf} 2 gglu fgt : WPﬁrtﬂé%&i\Jéréd?ﬁm%rﬁd?ésém eech sigrialsadesstofedrinimul ti pat h
rdden t ol hel] &5@35 pec Ce{x‘\:/}gerrsqus%ﬂnd and lowe? 'sldebhing BUiE 7dd %7 769 9nal 1's
15  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
20 the companding function.
The operation of the rest of the receiver of FIG. 8 is the same as FiG. 7.
A time expansion block 772 works in conjunction with the time
compression block 409 of FIG. 4 and preferably reconstructs the speech
into its natural time frame or other time frames as other applications may
25 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 aitogether and
30 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, summation circuits, the amplitude expansion blocks, and the
35 time expansion blocks. Al! the other components are preferably
implemented in hardware.



to generate the pilot carrier, whichis transrn'tted along with the signal
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gain and phase variations or fading in the transm ssion channel. The
| and Q conponents of the signal are converted to anal og form by
digital-to- Wlﬁbé?ﬁlﬁo converters (DAC) 319 and 327 respecti yerasosiiogsst WO
‘signals are then filtered by | ow pass reconstruction filters 321 and
329 respectively to renove spurious requency conponents resul ting
fromthe digital-to-anal og conversi on process. A quadrature anplitude
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15 power amplifier 580 is then coupled to the transmitting antenna.

Other means could be used to combine several subchannel signals.

For example, the several digital baseband | and Q signals, obtained at the
outputs of 417 and 465 in Fig. 4, could be translated in frequency to their
respective subcarrier offset frequencies, combined in digital form, then

20 converted to analog form for modulation onto the carrier 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 decoding the FM modulated control
signals that are used in the FLEX™ signaling protocol. Block 902 is the

25 receiver front end and an FM back end. A digital automatic frequency
controller (DAFC) and automatic gain controller (AGC) are incorporated
into block 802. Block 906 includes the radio processor with a support chip
850 and Blocks 911, 914, and 916 include all the output devices. Block
904 is the battery saver or battery economy circuit which operates under

30 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. 5,239,306 (which is
assigned to the assignee of the present invention and which is hereby

35 incorporated by reference harein), 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 demodutator.




405, an AGC 407, a time conpression block 409, an anplitude
conpressi on bl ock 411, .and a:bandpass filter 408 coupled and configured 15
as in FIG 3. Qperation of the transmtter of FIG 4 is the same as in FIG

3 until an entire speech nessage has been processed and stored in a
buffer #éti%]'%e ti me conpressed speech sanples stored périswobesf er
413 are Ivided to be transmtted on either the upper -or | ower
si deband. Preferably, the first half 1& the tinme conpressed speech
nmessage is 20 transmtted via one sideband and the second half of the tine
conpr essed s pethé samegroeessor that controls Mptorala's FbEXMprotecaleband (or

alternatively o i ; ;
The first porti %ﬁmg]atitt)l? eré wollRi adetifatély HanBrRaNhe pHotoRsl funttions in

ey Faft
| _fromthe buff 413
o appi fed o bdimpeesent bvenpEeluding e sptises [SopniSl nethagdt ol (i e
del ay 25 bl ock détadingiof anifid detmedsiated sighal, Additiorallyi inresponsestosnolkh
filter 423 byt modulﬁ@?&&%s%ﬁﬂm@s?ﬁ%ﬁﬁqéQfﬁnﬁ*%é&onJ!sﬂ,ﬂ'létpUt of the

first ti del 17 LLhe f t. Hil bert
L ams or m 111t oiprogesor 906 iles e cpsrafi of e andbaispidiALcaeRtiotc. (1)

and Quadrat ure Rindof tiieJRAM Blocki8f8a Blockn8es sarnplesieitbér, ontiodim theolfin-ed t o |
and Q inputs of giagebig BiquaBrktire) fifeari MBadfed SBdls 3 fRGUUS! A1
havi ng i nformati’on on r%rln L&e%r t portio O?_tl e COonpr, ed
speech sanpl es. lingar g%‘}c/%ﬁﬁ Qck850. ec%ﬂ'béé@ﬁ!ﬂﬁe%ﬂ@e‘ﬁ'm@ &Eﬁ%ﬂﬁy;{gmhe
buffer 413 {9 apwth e did obah laddressooudter and iniréspanse to arcohtrohsignaltfrom 461

and to a second .l ock 457 which has the sane delay as the
H | bert transforth#ﬁ?%%rgaﬁ%qé'but does [géﬁm he[lvvi se 35 affect .the signal.

The out put of the sAcNSieP cambesenygs ap gignal,perupying a single; ¥aleg s 459 and
417) and the nedsindwidth4m3Xhechahhel, ovequivalently om eithercotdhe | or Q ¢hianpelst

%agg; (2”7 r1n8f4| |t eragiids ba0cRdEdtier! EANYE the THhA G Sighal'simditahecsy | N-
PCT/ US96/ 00983 occupy the same RF bandwidth as two analog-single sidgpands (SSB).
Voice bandwidths are on the order of 2.8KHz, 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 | and Q channel information. The
analog-to-digital converter samples with 8 bit precision (although as much
20 as 10 bits is 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 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
25 read to memory through the microprocessor.
The analog-to-digital converter (A/D), the dual port RAM and the
address counter are grouped as block 868. A second RAM I/O port can be
serial or parallel, and operates at a 6 or 12 K sample per second rate. A
second RAM I/O port is provided so that the processor can extract the
30 sampled voice or data, process the demodulation function, and expand the
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
35 used to describe in further cetail the receiver 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



Phase (I) and Quadrature Phase (Q signal conponents which, when

coupled to | and @-nputs of -the—QAMrotutator—germerateupper—srdeband

signal having information only fromthe second portion of tine conpressed
speech sanpl es. The | conponents of the upper and | ower sideband 5

signal s arepassipeigsi th a DC pilot carrier conponent (throughCrUSSSN00E38
circuit 459) to forma conposite | conponent for transm ssion. The Q

conponents of the upper and | ower si deband!®i ghal s are added (through
summing circuit 46 to forma conpgsite,.Q conponent for transm ssion. It
will be appreci & '@tf%'tffoéﬂ‘ FEglgé,éhﬁg,mﬂgg?te%’!,tI‘Q?P‘,te’K‘?JS,OZfL'GQ',Ch465,
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435, and R powdytormation SERRY ctrhs s of o e 1 o' B D90 M BRGNP,
in FIG 3. Oper&happel frequepey,:anupling the,amplified information signel torthe inputi of t he
ifmgl g: ig Zlng the first n‘;ixer 808. PTiRs %ﬁlbédllatéﬁbiﬁl@élhwhibﬁ% :ﬁrﬁf& iﬁQﬁe and 400
: . . .- S ers e
reconstruction é’@éﬁeg,e?ﬁid'ﬁé&%”ﬂg "%%%ﬂbﬁ '@%hpﬁb&% fé e(pgy isgﬂéﬁaﬁ ®f he
Anal og to Di18i t &r loashoseilaior §1Q) alsqycouples the first mixen 8089 Thedivatrnixesses e
separ at e har dwarrfixe$ ffivampliffed iNFsPmiaBOR sFfRI afd the first osdifatdesigAsitocan

P ocoseor . pref TuRe editintefhBoidft hdlency bE, SBHaEsdEh es g 4s ME2 P °
il lustrates a bisignal,whigh issapled todbeinput of the fical IEHilter 812 Kiwil be :
oper at es i n CgRjaﬂxpfévdiﬁtéd\théﬂbth&elHﬁe’ﬂl@ﬁbﬁe&&fag&?pﬂﬁeg Ia§| vgl, leBpaeiany d;’icg e
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processi ng. Di giinfarmatiercsigoakty & lowehintprmediatedfequendysuch s 456KHzne
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' 810. The second conversion section 814 amplifies the resuitant
intermediate frequency signal, to provide a second IF signal which is
suitable to be coupled to either the FM demodulator section 908 or to the
linear output section 824.
25 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
30 correction signal which is coupled to the frequency 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
is, | and Q components) and/or SSB information which is transmitted in the
linear modulation format. The use of a frequency synthesizer to generate
35 the first and second oscillator 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



35 of analog and digital techniques. O her nmethods of denodul ation, e.g.,

a - sigma-delta converter, or direct digital denodul ation, would
acconplish the sanme purpose as the QAM denodul ator 704 and ADC 706.
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feedf orward automati c gain control (AGC block 708 uses the pil ot

carrier, transnmitted along with the tinme 28npressed speech signal, as a
phase and anplitude reference signal to substantially cancel the effects of
anpl i tude and pexample; igiae FLEXI™ prataeql; dgwil berapprediatad thatnther asellaies) . The
5 outputs of tdiruitseslichrasfixedirddqUenty osdilator Girsuits Which Cart béagifustel by and Q
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Spoech ol gnal vesrRIFTIGHES BAdpR6ARSs B atpLomddion prial IMCIISROBPRA®, | 1
¥ ber t ranst off A ArRinGr 86 € mpitfai AShoctareined bpin 7% B smolte! (7
time dd ay808.0The pain carrention signal alsorcauplesrtbe seromd connersiosed speech
glt gnag- , Thébd%i%}ﬁg‘ir@@géihf?n aqFEaGeARIned RRRTfbr %ﬁcﬂaééoridscmfsﬁrabgy
& her - buf f er i ngecton &1d, T MainiengAga a8 e gajtof el Siuier S8 887 ML ¢
FIG 3.) 20 secandanversioresestion@didda requitsid fop proper keception of thengighon wi t h
the anpli gpky SAtERRBFARAKSh arsitittdd n Se linedr modufatidAtbRR4Y, ARe
conpandi ng 15 further distinguishes the dual mode receiver of the present invention from a
conventional FM receiver.

When the message information or control data is transmitted 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

20 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 806, which function as a

25 decoder and controller, through an input of input/output port, or I/O port 828.
The microcomputer 906 provide compiete operational control of the
communication receiver 800, providing such functions as decoding,
message storage and retrigval, display control, and alerting, just to name a
few. The device 906 is preferably a single chip microcomputer such as the

30 MCB8HCO5 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. 1/O 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,

35 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
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into its natural time frame (for audi o output through a transducer 724) or
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RS-232 interface or any nunber of interfac2% known in the art. The tine
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memory) whlch stores one or more pred termmed addresses to which
communication receiver 300 is responsive.

When the FM modulated signaling information is received, it is
decoded by the device 906, functioning as a decoder in a manner well
known to one skilied in the art. When the information in the recovered data
20 signal matches any of the stored predetermined 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 additional information is transmitted in the FM
25 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 918, delivering an audible alert. Other
30 forms of sensible alerting, such as tactile or 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 "l and Q"), the microcomputer 906
decodes pointer information. The pointer information includes information

35 indicating to the receiver on what combination of sidebands ( or on what
combination of | and Q components) within the channel bandwidth that the
additional information is to be transmitted. The device 906 maintains the
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dem)dyl ators, s t10 CIFI,C ts, e Jtude expansl on ocks, and the
35 tinme expans$HPIeR ke 'ﬁéjr""f?{ H’@% 5ﬁb%ﬁ@??3£'“gf‘% ra0a& & abl y
i npl enent ed1§ n trequanecies from 35-150kHz, 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
20 the output signal from the input signal. The third output signat is coupled to
an | channel mixer 858 and a Q channel mixer 860. The I/Q oscillator 862
provides quadrature oscillator signals at the third |F frequency which are
mixed with the third output signals in the | channel mixer 858 and the Q
channel mixer 860, to provide baseband | channel signals and Q channel
25 signals at the mixer outputs. The baseband | 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
30 particular to the inputs of an analog to digital converter 870. The A/D
converter 870 samples the signals at a rate at least twice the highest
frequency component at the output of 864 and 868. The sampling rate is
preferably 6.4 kilohertz per | and Q channel. |t will be appreciated, that the
data sampling rate indicated is for example only, and other sampling rates
35 may be used depending upon the bandwidth of the audio message
received.
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t he speech processing, encodl ng and nodul ati on portion of the ' pr esent
i nvention were to be inplenented into hardware, the i mpl enent ati on of

FIG 5 coul Qengy- For instance, transmtter 500 of PeTrOSoG0oksy! | d

I ncl ude a seriées of pairs of single-sideband exciters (571-576) 5 set to
the frequencies of their respective pilot 238arriers (581-583). Exciters
571-576 and pilot carriers 581-583 correspond to the separate voice
processi ng pat hs. /Duringhthecbatthywhien the highispeed data isytransriitteds the FM si gnall

exciter 577 (fOFm égé Qséﬁéoacbi‘ 'a%b é‘?% Ehﬁn&gng%eaba%iorh

dd d dat
10 anplifier 5V 9BAERS Pout 'a?Hfi sthe it oo % Alga Snahle alew 550 and

subsequently tr aampimg eﬂtheThfarmahori symbolcpamsutThé Afb\Vtenvartee 870 génerates so

|inear|y congi gy sl Whfbh oh B0 TR ek ing abBtdssS! N2
of summ ng anpl | 'ef esire usual |y
50 watts oFOWBPé ot @atwrnﬁe qndally gpnerates addsesseser laacing they

l.inear RF 15 pemplenmdncé signalsafitol & dualqrort rangoatiataess merhoy 874 thm

t |
Signal s. pata ‘%ﬁﬂ’@ﬁ?ﬁ' *ﬁg%ﬂvgffef?mp“ﬁe@%;% %, T3 ?eé@“%i??e
obt ai ned at theW hich havs Besn ioaded 31‘?‘95@ dntorthe;dyal WnMM nsl at ed
i n frequencyQt otitnesiare processed:by thet microcormmater 906 ané:f alevoite eiynarscnm

combined in dig dul ation
onto the carri erbkelb eécfﬁge"l’;lg(:d w&gbggrom%;s@nﬁc%n?f@ugﬁ@ ﬁg‘me %{ i s shown
anot her recei vePOGW'T'e@QM qoﬁrequmng W@dﬁmm"t%mfﬁ%ﬁlﬁeﬁ? i nventi on.
Recei ver 900 addifbnmmidnl int real time.i The microebmputer988rutcbssesthe stdredg and

decodi ng the F Lrh% nd d?é&nlﬂ‘le En ﬁlre %d n. t he FLEX
signal i ng prot oc ?ﬁ fg <] and an FM back
end. A digiial &U’tmﬁ’ﬂﬂﬁlé,t q Géﬂﬁ??t '"Ve"tlo"bd?ﬁ’?ﬁﬁsﬁéﬁh? D&P"(‘S}aﬂéﬁcﬁyﬂlﬂ%mt ic-
gai n control | er phifé%d generatenaitiet ASCIt ancoded infatiratibh atthefide gl ock 906

luies e £l i bl B b pavaes A,
saver or batter gheeeaﬁﬂwc%magmnsm The digitized veicersagpleg 68 r ol of t he
processor 906. Bliematidsly storell heotheaﬁsrmadses@éteés Bg0, TVSD or LPC basedh
anal og- to- dpgi t ghenfONPOhEF typed abFBHIBL SRS cHESBY ‘Hmb RoMoréd <8t voice
signals, the | and Q components sampled by ADC converter 870 are further
processed by CPU 840 via dual port RAM 874 and 1/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
25 stored again in RAM 874. The ASCIl encoded or voice data is stored in the
dual port RAM until the information is requested for presentation 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 ASCIl encoded message is to be read, the
30 user 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 which enables the microcomputer 806 to recover the
35 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



868. The receiver Block 902 is preferably a nodified FMreceiver including
the addition of a DAFC as_deseribed in U S. Patent No. 5,239,306 (which is
assigned to the assignee of the present invention and which is hereby 35

i ncorporated by reference herein), an AGC, and which provides for an

i'nt er nedi at @J@wgncy (1 F) output at a point follow ng rmsl;c%gg,g@% :
. n 184

receiver but prior to the FM denodul at or.
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sanme processor that controls Motor oI a's FLEXerr] prot ocol conpati bl e
pagers woul d advessagelto thenusiére Thd midnecqmputec8dé Calmalsocgenerate a t he

- present inventi M

decodi ng of an f%dgﬁﬁ%ﬁ%@@ﬁggnﬁlﬂgﬁﬁﬁ}dgl“Ongf Qau onse to an FM 5
modul at ed addr NRbieHe §eledtiap L agisroqiiencies @VWHP%‘;SGS"E‘

processor 906 | nl t Rafereing te FIG.er(a @ timingfdidgramds shown twhich muswdtesonverSI on

phase) and & (R0 é}iﬁfﬁﬁ? FEEA ﬁgﬁﬁ‘ﬁﬁ?ﬁfﬁ"*&eﬁ‘dg‘*&ﬁﬁﬁ’ SorafiguhbEaby e

| i near decoder. ras!@cqongygmcaﬂm @s a?@WPIOht’B‘HU@ﬁsr@?I%/Oft% RAM 10
\chth the aid ofcmoaﬁdmesasocwwm wuh thesgreferredt emibodiment of thai gnal from
e processor occupyi ng
a single voi Cegrﬂ'gsent mven&gﬂndtébf\étﬁél? %}a@%?&&%ﬁ@%@%?@ﬁﬂrgﬂgg ei t her of
the I or Q chanth® signaling pretooghis subdlivideskinte prateeal divisiens, ayhiehara amind Q

si glnal s si nl}ﬂ t e B10ya tﬁcle@zouﬁamhbeaeanm BbldukBAg, dhd aaword850. Up to f
S akre, so at R Méﬁﬁ@@' anidd) 3 oAl £ b R §‘i@%r s
required of theNema 'Mga gt transmitted each hayra| Upytasene i s
recovered from fneréd twehtReijranigts sedond miidwaly idemtified frames including
digital frames 330 and analog frames 430 are transmitted in each of the
15 cycles 320. Normally, all one hundred twenty eight 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 transmitted in each of the control frames
330. Bit rates of 3200 bits per second {bps) or 6400 bps are preterably
20 used during each control frame 330. The bit rate during each control frame
330 is communicated to the selective call radios 106 during the
synchranization 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
25 inciuded 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 known to one of ordinary skill in the art. The
bits and words 350 in each block 340 are transmitted in an interieaved
fashion using techniques well known to one of ordinary skill in the art to
30 - improve the error correction capability of the protocol.
information is included in each control frame 330 in information fields,
comprising Frame structure information in a block information field (Bl) 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 ata
35 vector boundary 334. Eack 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 biock information field 332.



anal og-to-digital converter sarrpl es with 8 bit preC|_S| on (al though as nuch

20—as 10 bit s—t+s—preferred) =

converter allows the use of a processor whose speed and power are not a
direct function of the channel data rate. That is, a mcroprocessor can be
used with diywpekgory access, whereas, a significantly hi gy '
processor would be required if the anal og-to-di gltal converted data were 25
read to nenory through the microprocessor.25 The anal og-to-digital
converter (A/D), the dual port RAM and the address counter are
grouped as bl ocknfoweation fields 332,993,334 ase varighie, depending os&oteds such as

Decond RAM 11 O mar s o oyster nfirmbdoft NI cPinitRb sy 8 e"’x‘t aton . 30
sanpl ed voice o?‘gltr‘jlta:?é:}s 'E‘ﬁ ﬁtee&gﬂpﬁr Of%ﬁ%'ﬁglig?i Hb{"ﬁtﬁda’ @3 S3Ad t he
conpr essed voi c@ndthe pumber and type: of vettors includeddd theveetor fieldI33ged back

can'ba di opl ayeq_or TS P 108 iR eiatigh i ol iindh IS 5 7,

cxpanded of ect r ORI S Hpdpissiondormst of e duligupd Signaled rtoeals her
detail the receMtiizeddpethatradio edmmunication sysbtern of FIG. 1, arhwhich dadlides
recei ver of the dBtefis h Vdﬁ@ﬁémgmaoThﬁaWet\bﬂgthe pre1erréd’ﬁrﬂ£6@ﬁieﬂ{‘
3'6?2%8 4m)dU| 2t &f'the pregent inven lon E%lce frames are also classified herein as analog
PCT/ US96/ 00888 frames. The durations of the protocol divisions hour 310, cyde 320, and

Coupl 65 the ?LF‘*?#.??@ 430 are et ‘br*“%éé?%éﬁsg*ﬂms@%% i 01 o
particul ar ragmg in Aﬁ gBGE" analog fEame 4BP s ankeaderpprtionA35 and a6,
The message analbgfpmlmt 440, TTheinformationt incthe Synachrosizaticrband Remehannel ,
such as those | iérifation sigfidi 83116 theShimb'ds tHé'é?ﬁchrIHi‘iaﬁﬁn 8i8Rar 431°h £0°
anpiities Pae reCr‘ietrolef‘rame 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 header
portion 435 and analog portion 440, In accordance with the preferred
embodiment of the present invention, the transition portion includes
20 amplitude modulated pilot subcarriers for up to three subchannels 441,
442, 443. The analog portion 440 iliustrates the three subchannels 441,
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
25 illustrated in FIG. 11, the upper sideband signal 401 includes one message
fragment 415, which is a first fragment of a first analog message. included
in the lower sideband 402 are four quality assessment signals 420, 422,
424, 426, four message segments 410, 412, 4186, 418, and one segment
414 (unused in this example). The two segments 410, 412 are segments of
30 asecond fragment of the first analog message. The two segments 4186,
418 are segments of a first fragment of a second analog message. The first
and second analog messages are compressed voice signals which have
been fragmented for inclusion in the first subchannel 441 of frame one 430
of cycle 2 of 320. The second fragment of the first message and the first
35 fragment of the second mecsage are each split to inciude a quality
assessment signal 420, 426, which is repeated at predetermined positions
in the lower sideband 402 of each of the three subchannels 441, 442, 443.




informati on signal, such as that of a signal received on a 930 MHz pagi ng
channel frequency, coupling—the anplified information signal to the input
of the first m xer 808. The first oscillator signal, which is

generated in the preferred enbodi nent of the present invention by a

frequency sypthesizer 10 or |ocal oscillator 810, also cou %sag |rst
m xer 808. ﬁ%’&?’? m xer 808 m xes the anplified in?%f'ﬁ% n signal
and the first oscillator signal to pgovide a first internediate
frequency, or IF, signal, such as a 45 Mz IF signal, which is

ggglroegldat gdt P ﬁa'{ﬁégﬁglrlﬁstfsag &t mbEségé he%'ggﬁﬁ lahtanWldg' frélﬁe s dehsnpegm ally
15 when ot her %@VHG%H%{HH@"Q?%-&I@@E 8are "&quefyzgﬂﬁﬁ'%"cﬁ?f’ﬁut of the
| F ~ filterarilag poition 449 offan malmgnkam|43mf'ﬁnmquamynasse;smqnt| s coupl ed
to the Inpul  signal@brd Bemswh S&%b%rﬁ&ﬂiétég stibarribhpitdt sidrldis, Pe

descri bed i ¢ | H ?. ve on sect Ion 814
nm xes the o clﬁfﬁrﬂg? erabyonpryp!ﬁedggriemerg i AYRUPE %"q B d Rt at e
frequency, suc hsemratm@lzno @ore than4Pmilliserodds within an enalsggmtiqn offtach is

al so generat ed gsection
814 anplifies t sﬁ ‘?M%Wé&étef’%?%trq‘re é-la?'esfﬁgégag %\Wé be{ﬂo provi de

%y at re&g §1SI8
a second | F si g?f%%u" fween wo quality §§§qs§'5‘198t ?'9“%'8 @ ﬁ)aé Q8§88%t her the FM
denodul at or secfragmerst @re typically fof varying integraidengths pd voise dtcremefisd. 25
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FM recei ver ent Con receive g E er section
804 of the pres%'?fi/ 9'@%&99 ﬁ“};ﬁssQf Y‘ Pgrﬂﬁ?tpﬁmf‘“@!ﬁﬁé ¥¥&ont r ol
section 816 whiradia sommupication system déﬂﬁndlusslmm ,Jn ascardancewitdthe and

whi ch appmp“aﬁr‘émﬁﬁ%&éﬁéﬁf ﬁ\‘écb“rdsé]rﬁl Jéiigh. Er\‘lel% H%f?lér%ency 30

correction S|gn

IS CO d to t u zer
mai ntain the re @mﬂﬁ ffﬂ'@eéggq @zﬂ $®n R‘ﬁél‘s ?ﬂ@t’ﬁﬂaﬁﬂ% ce -of
receiver t UTS ngFousr atiresses| 810, birp,08 12151 3famd fobeveotons520; 52&@22)523farQAM

'Ef’gﬁtsm tted | n tkst?&ﬂdW@% dsﬁ:éﬁ 3:1 mbﬂé%ﬂ{m‘wa"mw re ency

synt hesi zer to 855, whilet PO & d&?ﬁ?@&?@n@%?@ qréﬁﬁmf‘?‘@&gew es
enabl es t he opeselective mllradinms Each address®10, &da| 52, 5113 iswniquelye operati ng

frequenci es, Seb flod Wit cii® diné Y8étors 520, 53311822, dNSEFBYInelisAGY DY
paramet ers é(? % er w:t?nn eagn addl’ess whlc% indicates the protocol position of (i.e.,
where the vector starts and how long it is) the associated vector.
in the exampie shown in FIG. 12, vectors 520, 521, 522, 523 are also
uniquely associated with a message portion in ane of the subchannels.
Specifically, vector 520 can point to an upper sideband of subchannel 441
25 (see FIG. 11) and vector 522 can point to a lower sideband of subchannel
441. Similarly, vector 521 can point to both sidebands of subchannel 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
30 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
35 single message are to be rccovered.
One use for the embodiment where two different messages are
simultaneously transmitted over upper and lower sidebands (or | and Q
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in the FLEX[err] protocol. It will be appreciated that other oscillator
circuits, such as fixed frequency oscillator circuits which can be adjusted
by a f“ﬁ§¥§ﬁﬁ“ correction signal fromthe automatic frgahesdskesssnt r Ol
section can be utilized as well. 5 An automati c gain
control 820 is also coupled to the secon@7 conversi on section 814 of

t he dual node receiver of the present invention. The automatic gain

control 820 esthanrtets), tespeetivilig s whersoné eresshgé iea direct vsic®pagihg Si gnal

and provi des a,,gg%éﬁ‘?éi%nﬁ%éiog?bergée F%Eoe"méﬁﬁbﬂ ﬁle%%#b%'r %i@gséﬂgﬁ# %PREO

anplifier 806 to ntarn a ermned gain
806. ' The gain HBRAGEEN signal al so coupl es the second conversion

section 814 to maiintazcordanpe awithiihe prefered Bmbddiment st the PREELNE fVEAtish on

ti 81 T, B 0t , i . [ q.fi dth
Second comr of Vet s s Provide B |dbntlyidd e dlunSe? atwstis 580 ARBE . 1F 1,
speed dat a i nf Hheecterboundasyd3s atwvhich theoveatorsstartsyand the ilength of thet ;| and 15
further di stingedton aswords. dvadll b aspreciatic/at fHe reltive pBsHiBAs biHaNt i on from

control “dat o | S00BERES AE SR arp independent Ik Hch Bihes T8 FeBONSNIRS s ccond.
| F signal is ca@ilesirated bydhe-arawso fachvector 520, 52 &2R2062% &Byniquelyi | | be
exp! al ned o dassucatbe wana ossddd eyl S50,5540552,83 By BREIGIRI1 21 oo
:[ar '? , S'? gogr ovi débigﬁ?éﬂém%mr @ﬁ'& é}ﬁ'%?éfllp P@t%coéppggﬂﬁ‘ 0? (8., of binar y
i nf or mati on cowherpbadragment stasts ansthow longitiis) thesassodiatesseaoter. In
Sl gnal - coupl et it e prefiitdmebatimint of i breseROUGIRAINGT o' 2 25
decoder and iow?%éé%véﬁﬁﬁmﬁ@msimguﬁgﬁﬁvmﬁ?ym%ﬁaws&% or 170 port
828. 15rhenyumbendiom i te 128 dhe subchannebédl, 442, 443 namben drors anertol  of
t he commnpée)ntHecsidéissil A0, 4020¢or P'oP Q) Endhé YeitefindtekeRPdsgs decodi ng,
where the message fragment starts, and the iength of the message
fragment, in terms of voice increments 450. For example, vector three 522
includes information which indicates that message two, fragment one 552,
20 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
thirteen 523 includes information which indicates that message nine
fragment one 553, which is intended for selective call transceiver 106
25 having selective call address 513, is located starting at voice increment
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
30 analog signals, such as modem signals or dual tone muiti-frequency
(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 overafl throughput in a
35 communication system anc allow for 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



message storage and retrieval, display control, and alerting, just to nane

a few. The device 906—s preferably a single-chip m croconputer such
as the 30 MC68HCO5 m croconputer nmanufactured by Mtorola, and includes
CPU 840 for operational control. An internal bus 830 connects each of
~the OPQshiad! €l ements of the device 906. 1/0 port split
in FIG 9) provides a plurality of control and data |lines providing
- conmuni cations to . device 906 frome@gernal circuits, such as the

- battery saver switch 904, 35 audio processor 914, a display 911, and
digital storagetrafiémiter itiwasveceiving itsTaessagesyrom.athus, frequeliey reusedred t o
generate the ti

conmuni cation r g?(llﬁe]‘lg ?/%’t gpgtl%ﬁhmeé EEE%BV?? & thf%a% Bﬁ tﬁn%ﬂ{‘ﬁ%egé?éé}qg4
PCT/ US96/ 00838 the given portable voice unit using the one transmltter regyired to reagh i ng,

al ert OIt i m Eg, thé portabie eoist wnitg eAdditionkilypbace thensystem kiows e lotation of 832
pl’..OVI es thescC

ref erence cl %ck P&%blg %@glp WQ%H"%% gg{]ﬁlg ggﬁhgﬁnﬁﬁ fol!ows
utilized i n exi@cAnathey aspect ffithe present inyeption. she timesscaling teshniawg: t he
operation of t hprexﬁouwmmimdtasdwsmmhassoﬁﬁChxtamg disatvahtagebavhened t o

firmare SR AES o T WBEOAnIEER Wya. Bhechibusiag 7 17

ncl udi ng

&
such routines develgped thatimedifiesWSRlA & hgcome speaksrdependent-and gnal |
battery saveQ ceppfopriate! ‘?z namedIWEOLASD"2dFo futther Ghdérstamd our rhbdificktiont al

Teesage present & %ﬁ" Wbéfe S 9eStrinbf o BSOLRRGIGYS, °7, D0
signal in response A pajlec\Wapgform sumrmiwbase@ ﬁa‘tﬁdﬁ’g*ephﬂ"@!ﬂﬁat i on.
A code nenory 91W som edmausﬁlewmgh@amy tlmé%ealmmmﬁmtwm 6d tdir ough

the I/O port 82
(el ectri (I? al | g eg&%&ﬂ?ﬂ&g& %ﬁa}%& P‘é‘&B sBﬁf"g ﬁ{aﬁbdtl\ferarﬂeﬂag hen used
1 to speed up or 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 problem and minimize the artifacts
20 present. Many parameters in the WSOLA aligorithm have to be optimized to
achieve the best quality possibie 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/axpansion or time-scaling of speech signals with
25 improvement in the quality of the recovered speech or voice signal.



15 nmenory) which stores one or nore predetermnm ned addresses to which
communi cation receiver-900 is b M modutated——
signaling information is received, it is decoded by the device 906,

functioning as a decoder in a manner well known to one skilled in the
art. Wien the inhaimation in the recovered data 20 signal pergbsmomgy of
the stored predeterm ned addresses, the subsequently received
information is decoded to deternmine if add®®i onal information is
directed to the receiver which is nodulated in the FM nmodul ati on

format, or if the afiiet\WSRLA iAgerithmy:i &6t ix{nhbadhataput spaach sipnakio be
nmodul ati on f or mmoditiéd,ny{r)ehedimeiscaldl modlfiedsighahang d banihei timedsoalinghe FM

stored in the miyaieter: ' 6 BA81ERT1 tBA O Fpadth MG i€ BagndeREANFE A"
as will be expl & isqreater thas 1 thendhie speach sigarkisicompressaddn time.generated to
Gl roui {014 whi gt e Lot g aing SeBRUm £ senel B e her
30 forms of seﬁ@§g*‘@ ‘Hﬁ%‘ﬁ?g‘ , &§U‘3’ﬁ %'Sg‘i'{)aﬁ?ﬂhpﬁ i%?%@’%tqqﬁ%sgbﬁ Er?,ean
g:jz iot ibgnal . g:pneﬁsprod r_nethadq WSCerA-L&pr the present inveintion. AssuanthaL o
format (such as :%%%1:3? spléeet‘ial‘ﬁ%@?:? fiﬁ?ﬁ%&%ﬂgﬁt&gﬁ dgggétored, Frlacl'reﬁc?édes
poi nter informat . eﬁntg 6‘5?6'(3 qn? iAENQE QD 4 PRARRIPETR% 5
i ndi cating 10 t Ispeeeh inputsigoal. WHhe WSGHIA mathedhresuires adimne seale fagtoof awhat
conbi nati on of Il(whitf W& aSSITAE i éGual t6 RITorthis'éxdmaiaWhereandyt Wehdveat the
additi onal i nf orGald8ikibr ahd et Wé'hiVe'dxpiinsidhf alt¥ bh Sroitdry ARd" NS the
PCT/ US96/ 00838 segment size {Ss) which is independent of the input speectpcharacteristigs; at i on
of monitoring angddRparticifar Md8pERAdm df bitek)S Anidvarap SegMantélze So is
15 computed as 0.5*Ss and 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 If1. An overlap index O1 is determined 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 O1 and If1. Search
20 index (S1) is determined as a*O4. 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; -~ Loffset and the end be
Si + Hoffset. In the first iteration, i = 1. Within the window, the best
25 correlating So samples are determined using a Normalized Cross-
Correlation equation given by:

Fzs.x(si +he j)y(Oi +J)
R(k)= et r 2
[Fzs’xz(si k4 i))szoyz(oi + J)] where k= Si- Lﬂmﬂ'S' + H”m“

j=0 j=0

30
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



nmodul ation format, until the end of the current batch, at which tinme 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
5 speed data is transmtted. The device 906, through I/O port 828

gener at es oag%ﬂ ttery saving control signal which coupl peTAUSOclbRsMBET Y
saver switch suspend the supply of power to the FM denodul at or
908, and to supply power to |inear o8@put section 824, the linear
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the third | ocal netSa hahplessw!gdaimmidl,ateﬂywmm prior best matohing $0si gnal at

the output of t | F
anplifier 856. g%mb{&h %q}%ﬂsﬁ};qu@mdﬁ owW. ga ﬂ:rtuge@n H|ye'{;§ktwl”n ch buffers
20 the output Berghen. fﬂ'@rﬂ'@ﬂ ﬁb@l?“géﬂkﬂ &' Lt signal is

coupled to 10 arRéfenirytociiGsi 18and 36 forttiemest itdratiore Iwerneed tosmputee 1/ Q

|1 862 hird IF
{7 cauency. uhi on® ey oVErel HEex O Birflanf fo OR: LKEWRE, §neResrdi inise S8",

out put
channel ni xer BQBd&ﬁHGSPR!"Q@Q searchd'ﬂmvs a?tﬁém'"gg@s ‘B’%sg B?/F'bl ®aseband |
channel si gnal speivibug itdratiore! ORbe agaipnwithincthe isbarchi wiadow,thethest The

baseband | Chan@ﬁhﬁ%’hﬁa éaﬁpﬁlggﬁlrg mfhed usin %g%"br%@%ofréiah&ﬁ 864, and

t he baseband 866, t
orovi do. a phSr GAUBURTLBERY(bUEIAeCaPe ADVe, WHAre i begiopird Of he ber ’

conpressed and sampiesidstermined isBgndihe So samples beginrigeatiare Hiegnal s are

coupled to the i nput s
of an anal og to%@gl c%'ﬁl\iirg:r??er ﬁﬁbﬁ'ﬁﬁu nﬁ%dd@&ﬁﬁi%f?&%%y”@e;ml es
the signals at & the eutpul. Rrigrito the addii Samples inth P OLIRIE RS corrponent
at the output Ofmuﬂ edl sy &@ecredsingyampl fundtionat Ehe resulting sappléseotibey 6. 4

kilonertz pgh ?F\@ﬁ?&ﬂ?&etﬂéla& $6 sBffph 2 ﬁ{pﬁtﬂ Find®y, théfiext So  dat a

-y Ib'engsreg depélﬁm 'Mﬁ@mﬁwwpﬂw&%ﬁi & Sa@' LAiibg brs 35
recei ved. then copued to the end of the output for use in the next iteration, where

future ith iterations would have an overlap index Oj, a Search index S;, last
sample in output Ifj, and a best index B;.

25 FIG. 17 shows the resultant output from the previous two nteratlons
described with reference to FIGs. 13-16. One 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

30 any overlap between the results of each of 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 be kept in mind as you follow the next examples

35 of the WSOLA-SD method chown in FIGs. 18-23. 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
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Buring the batch when the hi gh speed data is transmtted, the

m croprocessor 906 provides a count enabling signal whi ch Is coupled to

t he address‘ﬁg bdH798s 872. the A/D converter 870 is al so. enablperiSesnosss\V
sanpling of e Information synbol pairs. The A/D converter 870 generates
5 high speed sanple clock signals which &% used to clock the address
counter 872 which in turn se uentlally gener at es addresses for | oading the

sanpl ed voi ce sFRPRANIMERPertye ol the piteh chatacteristics: For instanns, ifdhe Ssiwasigh
data |ines goi ntpd large tdn&he:mwespeécrﬁﬁgnélotﬁé"&sﬁiﬁﬂt% ecITh N%kﬁ@nﬁérgna' S

e Q?Zepi’ﬁﬁ@kﬁﬁ"*ﬁgwﬁﬁ Shbes 34 folerbordupal Flidned ﬁ*‘evg“a%?oa R Fhave.
Reen received, theinpulspreshuignal Besitheiresultant sawﬁlcwpamexpansm woiddgy
consuned by ot seesttitaspyg t he m croconputer 906 to process the

Sl gnal o thr olgh. SZL%EP?E L SR FERBEE BLWSG A %3 iha Soripidagions
embodi ment of t FRie$fearaoreateethandch, inpﬁusbeeaaeoem&e sﬁparam\i ertheynbol
pairs to gener ammgdvmao&&ﬁtweeﬂﬁemi@ns MY A qne'rﬁbt BGt&ﬁl%
al phanuneri c daé@f@% 'g eentcansmtt’e"ij or ltl ﬁ%gp gﬁ data in
the case voi ce WYSTEARLIBANLFRRECH-FRMARNSAYS, hey E'%O'&si\hﬁ ng
?Lﬁ ﬁ; n:; 11 vgl%eftﬂwwbﬂlty ofithe r?sul,tanhosstpuns;bam Bmeasmgrme size loPthéhas eIdC(Za 0
signals, the | mﬁgwmogﬁgu doﬁ‘ibenb?tet%tﬁ@%ﬂ-@%ﬁﬂ%ﬂﬁﬂ?ﬁ%ﬁar e uI
processed by CPaJ" nge s?'/“@)"?ﬂ'ﬁ Spgegh #s 2. 18s4lt 0 {
expand the audi thesq:rgaa-icoualangayunntmm;iartUe:t d:&usssgaaablas*.lmm-scaimgdhabed
in the simlar pofdedbly atidtts tHetresGrtt WitputQpebtiis- 7 and 8. The voice is
then 15 A third drawback of the WSOLA method invoives its failure to provide
a designer or user the flexibility (for a given time-scaling factor («)) 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 (f) is fixed at 0.5 in the WSOLA method. Thus, in an
20 application that requires high 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 other constraints, the degree of overiap can
be lowered in WSOLA-SD so that the quality of speech is sacrificed oniy to
the extent desired, taking into account the particular application constraints
at hand.
FIG. 26 illustrates an overall block diagram of WSOLA-SD method. In
30 this biock diagram Ss, f and « 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 speaker. Thus, a pitch determination 12 is done before
35 an analysis segment size is determined {14). For a given f and a (which
can be modified dependent upon the pitch determination 12, providing a
modified alpha (18)), WSOLA-SD time scales (18) the speech. The time-



25 stored again in RAM 874. The ASCI| encoded or voice data is stored in

t he dual port RAM until=the information is -+egdested for presentation
by the comuni cation receiver user. The stored ASCI| encoded data i's
recovered by the user using switches (not shown) to select and read

t he stored sages. Wen the stored ASCI| encoded nesgafRedidesis0 be
read, the WO 92 sel ects the nessage to be read and actuates a read

swi tch which enabl e m croconputer 998 to recover the data, and to
present the recovered data to a display 91 1, such as a liquid

crystal displ ayscanhig@ean either be erparsiorees egmpression didhe Uit signel.user sel ects
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r ey ed.
Referring t o i Wouldcpralergbiy op dt hagt nEHER HAEE) Tipioffof hogetingids
features of theafelwd) known ¢echniguesdn digitabsionat progresing gadesadbed in i zed by
t he rafho BRYEHats imbiagnaﬁbeéasir@b@bpﬁb@neih & Bhaslir C [For exhmpRs

details of a control frame 330, i n accordance with,th eferred

enbodi ment of t ASSUMING 256000 -“M@eq{tqndﬂpu Sﬁl‘s ??'Hﬂlg %?ﬁtg‘!ﬁ'&g‘erg

classified as dthe sighalfhasrsignificant fregency cpmpenentpbetwessi 0 asd 408@HZ ded
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identified cycl
15 have significant frequency components between 0 and 4000 Hertz. The

signal is interpotated (See Oppenheim & Schaefer) by a factor of a = 2.
This would result in a signal which is 2 seconds fong, but with frequency
components between 0 and 2000 Hertz. Returning to the time scale
domain can be achieved by decimating the frequency compressed signal

20 by afactor 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. 18-22, 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

25 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 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

30 from it is 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.



Normal Iy, all fifteen cycles 320.ar'e transrn'tted each hour. Up to one
humdred—twenty erght—1—38% :
digital frames 330 and anal og frames 430 are transmitted in each of the 15
cycles 320. Normally, all one hundred twenty eight franes are transmtted.
One synchronmmand Frame Information signal 331 | asti NOp&HH

hundred fifteen mlliseconds and 11 one hundred sixty mlli secong

uni quely identified-blocks 340 are transni33ed in each of the control-
frames 330._.Bit rates of 3200 bits per second (bps) or 6400 bps are
preferably 20 @éﬁﬁ'%tﬂ%@%ﬁtmresmlﬁ&etemcwtguouaéﬂome of avicedur i ng each
cqontrol frane speecrsaﬂallenmmmasgtmoé%the sel ective call radios 106
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as shown in FI ganglysis. This conid hetdesenising awariety of methogs indiuding Moelified

i dentified 38 biAutoveoeielatios n?éihodl naMpeest %&Pﬁa%t@beﬁglaﬁ {r(é?f?éd shown). In

each word, at rror I on and
correction, ande,g%ﬁﬁtg B}Pﬁ‘leg MM“?'BQ a median; f'ﬂ%%t"ﬁ"ﬂﬂte QIFOrg ifranner
wel | known to oftee estimatidmary skill in the art. The bits and words

350 in each blo fhedy | usi ng
t echni ques wel | ?ma@rﬁgne &thégﬁg?@@@# 8 Sﬁi!aﬁﬁéefﬁgwroxlm%%ae%ﬂh%?%

the error corre® ﬂl%s% O@/ of the protocol. Information is
i ncl uded i n1@ac!9) Erbns.rtba Segmant3&@ iSs corhputatibh ixngiver beiow. conpri sing

Frame structure information i n a bl ock i nformatlon field (Bl) 332,
or “more veotors | niPIGLE gredierafian BOsamelee Sein Flehor {161 d 334 Staris ot
a 35 vector bounddpitciz®is t[a;waenéotamd 80sarhples Sst=0120 i el d 334 corresponds
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the - [ Jpéor matA g%“f {5‘) %i Sf%g Khz 3 assumeéllrnealldgaf | ne%oby bl ock i nfor rrat i on
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PCT/ US96/ 00838 .
A critical factor that provides WSOLA-SD with the advantages that
overcomes some of the drawbacks previously described above in the
description of WSOLA is the degree of overlap {. If the degree of overlap f
20 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.
25 Again, referring to FIGs. 18-23, 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<1 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
30 Sois computed as f*Ss and is fixed in WSOLA-SD for a given pitch period
and f. in the example shown, { is greater than 0.5, to show higher quality
resultant output speech. The first Ss samples are copied directly to the
output. Letthe index of the last sample be lf1. An overlap index O1 is
determined as So samples from the end of the last available sample in the
35 output. Now the samples which would be overlap added are between O4
and lf1 as shown in FIG. 19. The first search index (S1) is determined as
a*O1 as seen in FIG. 18. After an initial portion of the input signal is copied



25 Information fields 332, 333, 334 are variable, depending on

factors such as the type of systeminformatien included in the sync
and frame information field 331 and the nunber of addresses included
in the address field 333, and the nunber and type of vectors included
in the vect 334. Referring to FIG 11, ati?&ﬁgs' 9%'Qéamis
shown whi chgh#@?kérzat es features of the transm ssion tormat of the
out bound si gnal i ng protocol utilize3# by the radi o comuni cation
systemof FIG 1, and which includes details of a voice frame 430, in

accordance w t iintottee puiplt rar determipationrisnade as to tHe lobatigr efthetmavingent i on.
Vqi ce franes alBnddw Bf Eérﬂﬁﬁhf. f“?“f‘?ﬁe%@é%’% ﬁe vfuﬁ&%ﬁ?s The durations

430 are

of the protocol VI, S| ur
i dentical to t 9§ "Wé%cﬁﬁ PHB ' #@@p?@@fcn@ g&nt Within the Va‘{'r‘EP e n FlG
19. Each anal opebt eoresldiiity 8o samplesidre detarmined ubitig meobross-correlatmnal og

portion 440 FH?;H 6&&15&1 rﬁﬁérﬁ%
o or L onss JRUFCERARIO SR BR SEME DRt %391955

frequency nmodulpaiigsliedtsy &b maresding rmptfumoﬁll(altnéugm@théf IS

Sort Lﬁdisg‘)iﬁl@;%%s@@ﬂg%“fég&# g Bafeh 3@&%“%5%@%#%%&’3%9& gp.oader
enbodi nent of t @r@tf@emdlthmém Sersamples in thasutpulare srultinliedibyd udes 20
anpl i t ude noduldecrshsing @mphipCHon.| The résxntmuosamptbbmmesmmﬂml s 441,

445, 443 whi on 19PEE0 MLt 88 serbiad nRRIAAT Fidkly M Tiat Selriabes 41
i ncl udes an uppeichs inrapdiately follow themrios hestmataing S sempies eredhen 402
(or alternati veio:sedata thé end of therd\tpat far aseé il thecext Beration. Thistwisul¢senpl e 25

illustrated in gnal 401 includes one nessage
?Hd%itr}f ﬁ*ﬁ'@?’gﬁ%ams? ‘first anal og nessage. |ncluded

fragment 415,
in the | owd® si debReferdoptaFiGs. 0:ang 2 for he:rex dteration, we giwan 20 somputer)

424, 426, four amew averias nuestCp,slbilarilid Of.1 bikedidh, aanelv sedrch dntexrS2

ilieéﬁﬂﬁsffagmw%rﬁéﬁgﬂ#'ﬁb SoRikh. ﬁ%&%@%ﬁ#ﬁf@é&@%%%@és o %0
418 are segnentiteraliona Onee againawithinithe searchavipdewothg kagt perselatieo Sohe fir st
and second analgymples arsastermmedAskig me@lros@bsmlaumaé@aﬁbnﬁﬁ e 430
e
he

of oycl 622 %%%@%%%?5*‘%@%%?’5@339?B?%ﬂ%é‘é%ﬁ first
B2. The So samples begmnmg at B2 are then muitiplied by an mcreasmg
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
25 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 iterations using the
WSOLA-SD method. Note that there is a region of overlap (Ss-So) in the
30 resultant output signal which insures increased intelligibility and prevents
the method from skipping critical input speech components as compared to
the WSOLA method.
Referring to FIGs. 23 and 24, an ith iteration of an exampie input timing
diagram and output timing diagram for time-scale expansion using the
35 WSOLA-SD method is shown in accordance with the present invention.
The method for expansion essentially functions similarly to the examples
shown in FiGs. 18-22 except that Oj, the overlap index, moves faster than
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smal | est segnent of nessage included in a$ analog frame is defined as
a voice increnment 450, of which 88 are un ﬁuel y identified in each

anal og portion 440 of an analog franme 430. The quality assessnent

si gnal s are prdheSathe Seaschindex.cdos enachQilmoves ¢ timesiaster thani it si gnal s,
5 are pref eratﬂ&in@rﬁtp‘éﬁéﬁﬁ. iﬂf‘erél‘i?fﬁls éé%rﬁéﬁtaﬁiiﬁss i@ﬂ@p@ﬁ?ﬁrﬁbﬁhh%,ﬁi@ﬁe a
separation of no jor an 420 m |1l seconds thin an ana rti,on of a
frome. It il Reoqs e hubapese THs dearas el guerdh.Cahmooe RO Toul d
qccur between twd @idds used fos $his examplesindi@ss23 and 24h Jhertinses scading factor

fragment : ase_tah 9k insediiosy Wil bethe VEiBe the BRSABIGH el ASsirfimgaents. 10

12, ' | | ustr at | f 330.
And o anal og SiPanELndata WS 8 ol e acaling Fciardh SR The oveliab s, s he
radic 0 co(rjmu Rili) c sdegowent \sizecBo aould équal 118s arrtherdegree abmmrhprtm?s\theh t he
erred enbo A S i .
E Lgvvs an exanpldéed%%l%qﬁe‘lgn@ é'z?ieér?o? 'dh% ES%#%! %%Qﬁ%ﬁgaaﬁé)\%{@gladﬁ@%&gso_ 15
Four addresses Using anincreasing ramp fungtignian gachopestmatching input segment 573 5r e
i 1l ustrat ed0 Tvandosing asdecrédsing Femp function @nogachsalitpytt dverlap Begmentli o 106

el eot ve cal | §uH 18 tE ol 1HG i SReadtfsiondtis Yufandia & REGBLCECT, 1" T
associ ated wi t SRAeEh anahtha} smaisiainssaibthe:advantages of YWSQLA-$K asncl usi on of a
20 pointer wi tgrevicasiyrdesdribed.s whi ch indicates the protocol position of
(i.e, — where PyfngPihovendht i dbiéindd ' BRbmidany Bhabtify Hrasgmtd
15 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 = 100 ( 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
20 are necessary to determine whether the speech segment is voiced or
unvoiced. The method with these changes is described below.

1) Frame input speech into 20ms blocks.
2) Compute energy in each block.

25 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

30 contiguous blocks of voiced speech of length of at least 5 blocks.
6) Do pitch analysis on all the voiced segments and determine 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.

35 7) The segments that are nut marked as Voiced speech are now marked as
tentative unvoiced segments.



In the exanple shown in FIG 12, vectors 520, 521, 522, 523 are al so

uni quely associated with a_message portion in one of the subchannels.
Specifically, vector 520 can point to an upper sideband of subchannel 441
25 (see FIG 11) and vector 522 can point to a | ower sideband of

subohannel 441. Simlarly, vector 521 can point to b ?? ' nds of
subchannel Y946/27184 That is, in the case of subchannel 4& , e exanpl e
can show that two di fferent nmessag@6portions are carried by the upper
and | ower sidebands. In the case of subchannel 442, two hal ves of one

message porti ofl) Gostigmusdileckscef aljeasts frames indhe ‘teotative unveibedids

Therein to | notBents) fre 8RbMBAA pitch anfifylis% Bbne. THFIaHRI MY el
Lhe Teoel ver sm"a";uabﬁorréﬁ%{* ﬁ%@ﬁ%&,isgg&?ﬁﬂ .;vme ralid B e the e,

isndi cat e whet heegment is classified asaunvoiped orrifit these segmentsaared from t he
subchannel 15°rg\(ﬁ?€éa‘§§ vﬁkéatanﬁ%e?é‘é‘é)ﬂﬂ: lHEse SbgrAerts is BbfapmfedEssage are
to be recovere . One usg for.the e O(ﬁmet V\Eeretwo di fferent
messages are &long %Met%ﬁ'é@ae.ﬁpd!ﬂga?fsfﬂwmac $gMeMper and | ower

si debands (or B) 8&sdm@ént size Ss for esBhd tesktelassified speech segments is

PCT/ US96/ 00838 determined as follo ' o

channel s), respectively, | \Wﬁ'ere one nessage is a direct voice paging
nmessage, and the other is a voice nail box nessage, which is to be stored
in the pagt0. If voiced Ssl=n2*Ritchr dance with the preferred enbodi nent of the

present invention ; S48 kil ' NN ; sdenti fying the
nunber of words 3 (Hag?'%gg ’i@(ﬁgﬁgﬁ‘l\?ygggartbg%gn ar'gigﬁ'?“g?)dm ch the vector
starts, and the length of the vector, in words. ‘It will be

appr eci at ed t ha0) Now WSQULA-8D methiad aftime&caling is done, butdwithsa waryingd vect ors
are i ndependenigghmionf@izé. iRbréthe pbeftiohdt Md Mpat'spEach segment used in the
16 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
20 communication system, the quality of the reconstructed speech signal can
be further improved for a given average time-scale factor 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
25 more for a given speech quality as compared to a speech signal which has
a lower fundamental frequency (higher pitch period). For instance, children
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
30 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 reproduction of speech is obtained with the same
35 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



are illustrated by the arrows. Each vector 520, 521, 522, 523 is uniquely
10—associ at ed wt+h—a—+essag ; " - : f i
poi nter within each vector which indicates the protocol position of (i.e.,
where the fragnent starts and howlong it is) the associated vector. In
accordance WWdékdr@ preferred enbodi nent of the present invegss
nmessage fragnent position is provided by identifying the frane 430 15
number (from1 to 127), the subchannel 4487 442, 443 nunber (fromone to
three), the sideband 401, :.402, ior | or and the voice increnent 450
wher e t he nessdfestofiheartifactsdn the spae¢hiate preduped duringithe timessaale
fragment, in tesxpansion\lithe spagcresignals TAE GnoreGhe SaEsh 8i naerétéa?ahaé@gSgZZZO
one :

AT ; Hithe spo ‘ ig :

which i s i nt endil ors 6k RtaHS A Uasaidd Gheefied B 10HE BooedbGIAIiL | ve on i

address 512, i sPiayedback &litletfastgr fess/thapc10% thanthe driginal speechidbe (t he

voice  § ncelpifigetin spbEd % Rardfi nbtteabie, befwith aFﬁc\,?ﬂ?eéﬁDe. Buétdii one 560,
d t . d f t ) tes that

mossage nine  anitads. THRerBPRn Nelpk Spantfe SPoechisidunl Wit & semader v oal

transcei ver 10eexp@nsioaJactgr and thusi reducaithe artitactssandintprove its qualityd Ferar t i ng

ranscei v ' e art art i n
i C12) of 11 ooaample 1 inehet Spbech ¥ cobfeRssdt by Wi soditey BEGY 8Py, ° U 1

fiw o ,
whi | e voice si éﬁgf' é”\éﬁg exgansion it wayld be expggggﬁ Bémﬁéécmﬁpﬂ /¥t er 1 ed
enbodi ment 1§ tmeans thatthe spasshtwillibe playas faster byrt0%.g Sincgrthisschahigein as

modem si gnal s Iy % bb ot #Sd can
alternatively ?h)éepégggo%{ggggfgb% @Iéﬁggggr{tedt{ces ér{ﬁ}%s)érlﬁhg’plﬂ lﬁ? shoul d
al so be appr eci'TPR"eHEH B\%BA ot i Rrasens invesdign in, applicatiops, wherey e
structure previtbesicguracy of thecspaseh i® aotiasblutelyi orticalnent f urt her
enhancenents that would allow for greater overall throughput in a 35
conmmuni cat iqgn system and al |l ow for additional features. For instance, a

nessage sent to a portable voice unit can request that an acknow edgnent
‘signal sent back to the systeminclude information that would identify the
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it was receiving its nmessa A s | lyequency reuse in a

si mul cast system can be achieved in this way by transmtting nessages to
the given pRplogRhes voi ce unit using the one transmitter regrhRekdosss’ €aCh
the portable voice unit. Additionally, once the system knows the |ocation
of 5 the portable voice unit, inplenenBBng target nessaging |ogically
fol | ows. I n anot her aspect of the present invention, the
time-scaling t&laMgue, previ ously described as WSOLA has sone

existing di sadvanimaminodRe time-scais Aibdifibatio ot Bodech Lsithd B rhdifir esent

i nventi on. u .. ..devel ope gl,les 0
becone. speaker3%32@&@3%%@@@?s%'ﬁ'%ﬁ?ﬁ?@ﬁyeﬂéﬁh%’dﬂo S To further
Under st and our {(WSSLA).ctheimethod compfisingthe\stepsfofir m WSOLA- SD, a bri ef

descri ptiorg of V\6@)Atdritlg £p6rtion of an input speb 3@n e £/ Vavef orm
simlarity based Eérglﬁg}%:A tec.nlﬁﬁg| . C§ ci';\n acni eve :

hi gh-quality time- iRONLQT 108 inRitwpepgh signal proyiding 88 hni ques and
i s al so nuch sestipnatedipitah valueer net hods. When used 15 to speed up or slow
down speech, the @ydetdrhirih It Si ; : S th the
WSOLA techni que,, %e éecons?ral%f@g?déglezggﬁ rééﬁ%\‘\glgggﬂ';ae ?sot%mﬁgﬁ'ﬂalto artifacts
li ke echoes, mE'Y%418% sounds and reverberations in the backgr ound.

Thi s aspect0 of t heal)gimesscale compressing thesnputispeesk signal in resporeseterthenent s to

overcone this @é@hhmgu%n{gn@y%.ze the artifacts 20 present. Many
parameters in the WSOLA al gorithm have to be optim zed to achi eve the

best quality possible for a given speaker and required
conpr essi on/ ex@ansihenmethodi ofelaimal, iwhpréiathe steplofidetermining acgegnienti nvent i on

L s s vosme R e
comresst e e e b

3. The method of claim 1, wherein the method further comprises the step
of providing a degree of overiap equal to or greater than 0.5 optimized for
enhanced output speech quality.

20 .
4. The method of claim 1, wherein the method further comprises the step
of providing a degree of overlap less than 0.5 optimized for lower
computational complexity.

25 6. A method for time-scale modification of speech using a modified
version of the Waveform Similarity based Overlap-Add technique
(WSOLA), the method comprising the steps of: '

a) storing a portion of an input speech signal in a memory;
b) determining a pitch period from the portion of the input speech

30 signal providing an estimated pitch value;

¢) determining a segment size in response to the estimated pitch
value;

d) time-scale compressing the input speech signal in response to the
determined segment size; and

35 e) time-scale expanding the input speech signal.
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WSOLA Al gorithm Let x(n) be the input—speech signal to be nodi fi ed,

y(n) the tinme-scale 00 ' d a be the tinme-scaling

par anet er . whd odrfigal. m’w#ﬂﬂ!ﬂ”ﬂi ’L@En t he speech signal perosssoghed | n
time. |If a s greater tham the speech signal is conpressed in
time. 5 Referring to FI Gs. 13- 173% i ni ng di agrans for several

i terations of fhe W5 i.me-scal i pg, (conpression), nethod is shown for
conpari son to Phe The meﬁ?@ér‘?t@ﬂ‘ MW&'%?‘MN detepnining-a §e@HERt

ijnvent i 03. AZ s sizé igrthdrasomprises tthe steproftdynamicdily sdaptihg triy segmentaide a]E el K
digitized an y F il ke 7 ! [ LSt | tion of the
WSOLA net hod oﬁﬁtgn u%cé‘o\trfag:r'eeééteegn T(?d %@Q&ﬁ%gﬁ'“@?gﬁﬂ%&ﬁ@%aA met hod
.requires a tinme scale factor of a (which we assune is equal to 2 for

this exanpl®, Wher¥he inettiod dfclainesaherein the method ietier eompriles thd step] <1 we

have expansi on . ri Y, i 1P ichis
i ndependent of 6%@@ 1‘%&1@ Jsébxééeegéf %@gé@?‘t&?r&r,ﬁ@%& %%ﬁ%ﬂﬁ%‘% {ol cul ar,

i ndependent of ephanged auyiputenaesh aualityent size So is 15 conputed as 0.5*Ss
and is fixed in WSOLA. The first Ss sanples are copied directly to the

ot bt b 1 orBy | "8 Bl i & bR b e pomortl o' "
sanpl es frv{’n t REproviding adegreeseh overlapiless thap 0/ loptimizedtfer loweput . Now t he

sanpl es whi ch Mbdtdﬁ@nﬁlvﬁrgﬂﬁxiﬁdded are between 01 and I[err]. Search 20
index (S[err]) is determned as [err]*(Jerr]. After an initial portion of

t he i nput signal is copied into the output a determination is made of
t he movi ng w n8ow Amethod fordiserin @svaiceraapable deyice fortine-ataid medificatiener ni ned

g{ oun fl the S??bf?épeech usir@df?ﬁ%(ﬁﬁéﬂ V&rsidngéirthb yvﬂm?@n 'Sﬂlﬁildi‘{%gﬁfeldr’“s ndow be
torati on 1§ OB 185Ye AYSOLATIE ik i Sk signal. comReisisy e i e
are determ neds¥epsof a Norrmalized Oross- Correl ati on equation given
by: at an otpot device:
a) determining the pitch period of an input speech signal providing an
estimated pitch value;
20 b) determining an analysis segment size in response to estimated
pitch value; -
c) time-scale expanding the input speech signal to provide a resultant
output speech signal.

25 10. A method for time-scale modification of speech dependent upon the
pitch period of a speaker using a modified version of the Waveform
Similarity based Overlap-Add technique (WSOLA), comprising the steps of:

a) determining the pitch period of the speech providing an estimated
pitch;

30 b) determining an analysis segment size being approximately twice
the estimated pitch;

¢) increasing a time-scaling factor above an average time-scaling
factor if the pitch is below a predetermined threshoid; and
d) decreasing the time-scaling factor below an average time-scaling
35 factor if the pitch is above the predetermined threshold.



30 The lag k=mfor which the normalized R(k) is maxinumis
det er m ned. given by Si+m Note that other
schenmes |i ke Average ni tude Di fference Function ( AVMDF ) and ot her

Sorrera funcuonHlllll!lullfﬁimﬁﬁl St be

used to fin e est matchl ng waveform The So sanpl es begi nni ng at
Bl are then nultiplied by an increasing 4&nmp function (al t hough ot her
wei ghting functions could be used) and added to the |ast So sampl es

in the out put .11prThe methadfer timerscaimmodificatinn ef:sneech of flaimd0, whetait put are

mul tiplied by tﬁeﬁ%iﬁ@mmgr inelidleb Wie bleprof: The resul ting sanpl es of

the addition wll 1y, the
noxt So sanpl os whl RSEATEA SRy 9*%“16@%5%%#“%%9%%@{‘%@# A 5
sanpl es are t dependentapondhe time=saaling fagter teither stepec omd.t he next
iteration. gThis vvoul d be the end of the first iteration | n WSCOLA. 10

R how over | ap Wnaloe el b il schi Offbafart b baedin ol Bl . D, .

i ndex S2 thamet furtheo ingiudgs he step afi ndow is determ ned as was done in
t ggt pggngrgtéipahahgqne B approxithatBly™ d ﬁ&céﬁﬁésélmunr}ﬁew the

s{jet er m ned using t
ep cor

cross- corr el attiMgssc almg fa&or 388d i eiffver
10 :
13. 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) subchanneling the voice communication resource and
15 simultaneously placing at least one of each of the plurality of voice signals
on a subchannel; and
{b) 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 includes the steps of:
20 c) determining the pitch period of each of the voice signals providing a
corresponding estimated pitch for each voice signal;
d) determining a segment size for analysis approximately twice the
estimated pitch;
e) increasing a time-scaling factor above an average time-scaling
25 factor if the pitch is below a predetermined threshold; and
f) decreasing the time-scaling factor below an average time-scaling
factor if the pitch is above the predetermined threshold, wherein the result
of steps (a) through (f) provides a compressed voice signal.

30 14. The method for time-scale modification of speech of claim 13, wherein
the method further includes the step of:
g) assigning a degree of overlap during the speech compression
dependent upon the time-scaling factor used in either step e or f.



15 equation previously described above, where the beglnnlng of the best
sanpl es det er m-hed—i-s—Blerr] . t hen
mul tiplied by an i nmnp“ﬁm'rﬁ—r-on and added to the last So sanples

in the output. Prlor the So sanples in the output are
mul tiplied 9@2 8% "Hﬂnmﬂw on. The resul ting sargdrassesibessgie 20
addition w rep ace the lastn OsS Ies in the input. Finally, the next
So sanpl es which i nmedi ately fol l.o#the prior best matchi ng So

sanpl es are t hen copied to the end of the output for use in the next

iteration, wherl8 ~The methodjoetimeescale modifigatiamef spaach af glaimald. whereinp i ndex
Jerr], a Sear%W%éfimldd%ﬂhestepofsaﬁm e |n output I[err], and a

best i ndex Blerr] Fl fromthe
previous two iter am é:?&andmg the s&@?@ﬁl‘% ﬁ% ?tgerggeléﬁqgén &-16. ne
shoul d not e t hdime-sealipgifactavused in eltrmetelpapom the resul tant output signal
bet ween t hegt wo |terat|ons I f the met hod were to continue in a

simlar fashio e WSOLA net hod ,wo S coppress) the
entire speech gl BynficomypEnicy %S%W&WM%?'C%QW"Q@“WW& g% en the
resul ts of eachransmittar baser%tjcmrmd a\plirality iohselective call lsecaiverSexpan5| on is
done in a siml-R FEJ Several drawbacks or di sadvant ages
of WBOLA with res othe referred nethod of the present

i nventi on (WSOLA- SB é@d‘ﬁﬂ"té?ﬁkﬁs rﬁg'om These drawbacks shoul d be kept
in mnd as1@ou f ol anvnpmwavmtfoereuepdmgsanaﬁdlooélgmaie WBOLA- SD net hod shown

in FIGs. 18-23. A g mpressin ng nafl§singfae inability
o SOt A e ki |
PCT/ US96/ 00838 provide a processed signal; and speech

I rrespective of thg dabirdtufe @hplit8s 'n%&da.ﬁ}uon'i%nﬁnﬂﬁé%? ?ranérhltﬁﬂgthﬁs was
too | erge flgr tpr;gcelsgegt&gﬁaeie(:h sI gnal e resultant speec n expansi on

at each of the plurality of selective call receivers:

a selective call receiver for receiving the transmitted processed signal;

a processing device for demodulating the received processed signal

using a quadrature amplitude demodulation technique and the WSOLA-SD
20 expansion technique to provide a reconstructed signal; and
an amplifier for amplifying the reconstructed signal into an

reconstructed audio signal.

17. The communication system of claim 16, wherein the quadrature
25 amplitude modulation is single sideband moduiation.

18. The communication system of claim 16, wherein the quadrature
amplitude modulation is in-phase () and quadrature (Q) moduiation.

30 19. The communication system of claim 16, wherein the communication
system includes more than one transmitter base stations and the processed
signal includes a control signal that requests information from at least one
of the selective call receivers in the form of an acknowledgment signal that
allows the communication system to target future messages to the at least

35 one of the selective call recaivers through one of the transmitter base
stations.



woul d i ncl ude echoes and reverberations. Further, if the Ss is too snall

for the i nput speech signhal, then the resut+ant speech upon expansion
would 5 sound raspy. A second significant drawback of WSOLA
results when conpress ) are greater than 2. In such
i.nstances, &pﬁﬁg raf‘[I"“wm"“uﬂllimmarmw ng wi ndow bet we jﬁéﬁ{l@%ons may
cause the ne 0 skip ¢ t ohi f'i cant i nput speech co%g"g ., thereby
seriously affecting the 10 i nteI I i gibili42y of the resultant output speech.
I ncreasing the size of the ~ nmoving wi ndows to conpensate for the

non- over | appi ng§0scEhe tommugisation systemdofrdlaim 18,evtwreinrthe systeasfutthet her

ski ppi ng of SOEBmEﬂQbQ speech as a result of the cross-correlation
function and furt

aj ﬁ_uses vari abl e tinme-scaling that noti ceably
affects the resul taihe JapsMteLpeech. 15 A third drawback of the WSOLA

net hod invol ves i tpilot aalrier signal gemeratbe to serve ad ami amnpiitude and phasde
flexibili tys(f%fﬁl%nﬂg‘fgﬂgdléﬁoﬁi’orﬁﬁéi ?&ﬂué ﬁﬁ%%s&l%? cl’{ﬁntnlél Fp/%rﬁat o%ﬁpeCt to

qual ity of speec exlt conmputatt on system
havi ng given rest rthe &8CeNANs i s particul arly appar ent because t he

ggglr Iega?:‘ OgvteLI ap 4feclelvart:lrswdfmtdetb@ngnf‘ltéimg\mmsﬁ@idm@to tHéUSuml zgan 20
adequat e procegsP‘%érfoepan r?e?érjrrgr?/é 5?@’%@2%@%’!?%@%9&@}%@

present invent @BRSI@XN. use a hi gher degree of overlap at the expense of
added conpubati onal conplexity to provide higher quality speech

or 0cossi g povar NSeeriE oaf oeief i teBBlIngtBsdadfioes soBer | op can

be |overed i n 9®MPASHE so that the quality of speech is sacrlflced onIy to
the extent desireda séleslivegcaliveceiver forrécdiving RAFdrishittéd prieRbsech

constraints oV ral bI ock
di agram of  WSCOLA- %pm%&gg qewcgcfor F E}ngd B@EQ lﬂﬁjgé&{ag\}m%ggg?ssgﬁcﬁ %{'ﬂr e
conput ed dbpenHBiRg aBingiectifie Pand demodulationteaiiaus RRY OWSDIASE ng speech.
Thi s V\?O_AE sg ekpansiditechniguede provide arecohstiutRsdPSIgNE ngnun tﬂedqual ity |C<)f
reconstructed spe od i s speaker
dependent, parti C‘Jﬁgr{ﬁéﬁﬁe%ﬁ%ﬁplﬁylngpﬂkc}ﬁg%qs-{@%ﬁ @Pr%beaker Thus, a
pi tch det er m nE&Gopgtructed augicheigRak ore 35 an anal ysis segnent size is
determ ned (14). For a given f and a (which can be nodi fi ed dependent

VB &5 P8 2EE) PO LRI oo bl 21, wneree cebudl Bl (1)
receiver further comprises:
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.
25
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can either be expansion or.co Eﬁresm on of the input signal.
time-scal edyg) H

Al ternatively, frequen Hﬁllmﬁ"'can be obtai ned by interpolating the
' a > 1 or by deci mati pgriSesnosss

time-scaled S|gnal byafactor of 1/[err] if [err] < 1. In the case .of
decimation, the sanpling 5 frequency of48he si gnal which is decimated
shoul d be at | east 2/[err] tinmes the nost significant frequency

conponent in t 1R3.siAgselectivelqallipagingbase station fartransmitting setecivasali t he nost

significant fregysdlsoni$ cémpiunitaitivs reséiicé HaRing s pfetfefermined BaRGWIdth,
preferably be at rbﬁ(@ﬁ 16,000 Hertz.) Interpol atlon and deci mation are

wel | known tecHfl #n digital signal processing as described in 10
Di screte Tinme Signan irpwcayidefor msceiing arplunality daudid signalSpr exanpl e,

assuni ng 2 geconds Rk R s@mhm.zﬁgqas%ohﬁn FERcRCteBbuRelifty o e @

t he signal has SI nlflc t fre n nent meen
Assum ng t he | I%%ﬁﬁggé %al e corrpressed by a factor of
2. The resultant sﬁgrﬂrhplttmla donhmmssmri amdg) filkeririg hodeledor eathisubchdmiebti | | 15

have significa
signal is int e?br th e Sﬁétlie?nopﬁg"lﬁgﬂe&w?ré%dfé)ggg%'%ridzﬂ&e-l:{ﬁgr r] =2
Thi's woul d resJ '??Peo?t'g? ﬁ!o Rhis 2 seconds long, but with frequency
conponent s 1ifet ween aONsQLAQBDG.lme compréssion modgletfor téraptessionafdhe time of

domai n can be fﬁ&g%ﬁ@ ?ﬁr ég&' guﬂéﬁﬁgyaﬁamressed signal 20

by a factor of N scal ed speech
(frequency @rﬂﬂﬂﬁ’éﬁw ﬁ'@&ﬂ@g’ﬂ—féﬂﬁ%' ﬁﬁ@ﬁ&"@!‘sﬁ'u‘fi})"géﬁ% of

i nformati on corgrecéssed signal. Referring to FIGs. 18-22, timng diagrans
for several iterations of the V\SO_A- SD tinme-scaling (conpression)
nmethod is s ovvn | n_accordagnce t he present inventjon. Assum ng
that the in eg'gg sgqﬁge gaglpggmg base stattcm of claim 23, wherein the input

devnce for receiving a plurality of audio signals comprises a paging terminal
for receiving phone messages or data messages from a computing device.

25. The selective call paging base station of claim 23, wherein the

20 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 automatic gain controller.

26. A selective call receiver unit for receiving compressed voice signails
25 that have been compressed using a modified version of the WSOLA
compression technique that uses a compression factor that is dependent
upon a pitch period of an voice signal input, comprising:
a receiver having an analog to digital converter for receiving the
compressed voice signal and providing a digitized received signal, wherein
30 the compressed voice signal contains data for determining an expansion
factor from the compression factor used in compressing the voice signal;
and
a signal processor for processing the digitized received signal and for
expanding the digitized received signal in accordance with the expansion
35 factor.



25 appropriately digitized and stored, FIG 18 illustrates the first
iteration of the MKAA;S%A-—S;D_”E;IDQCLM an uneenpressed speech input
signal. The -SD nmet hod al so requires the determ nation of an

appr oxi mat e pi i voi ced portions of the input speech
signal . A Qid Glamies “‘“ﬁﬂ“l\“‘“ﬂ“ﬂ“ﬁ he pitch deterninatigay Y the
segment size 1's obtaimedc30t ffoniit* is given bel ow rame i nput
speech into 20ms bl ocks. 2) Conpu#é energy in each bl ock. 3)
Conput e average energy per block. 35 4) Determne energy threshold to
det ect voi ced 2peddie selective nall recgivesrofialaim 26, whereindhe gupansionfactorris bl ock.
\Ié\gT? S/S SZB /138838estimated to be about 10 percent less than the compression facé%r used in 5)
Using the ener3RMPiessingdng vaiee8igRal conti guous bl ocks of voi ced

speech of a length of at |east 5 bl ocks. 6) On each block of the .
conti guous goi i i ' : kSy. This
o' 28, WPl BoGi it Bluch e sral RS,

coul d be done using.,a varil, 0 |

Gorrel ati on meUFAP TERIBA R0t EAMISh RTINS SURTEICIRBOAIPHINNIE  7) The
pitch val ues afeedtorwatdhiedpy single sidelahddermbtiulation,cand deconsianding of thei n

the estimati oNng i : ﬁloaﬁ pblich val ues to obtain an
appr oxi nat e es?'?nn%teg regﬁw&d’g{gﬁ? e s'E’X{gEg‘}ﬁ@g%ﬁs’%&g) Thus, the Segnent
size Ss conputation is given bel ow. If pitch P greater than 60
sanpl es Ss1G- 22®i tTHe selective call receiver of claim 26, wherein the signal processor

further filters a pilot carrier, performs automatic gain control using a
feedforward loop, | and Q demodulation, and decompanding of the
digitized received signal to provide a processed signal.

16 30. The selective call receiver of claim 26, wherein the selective call
receiver further comprises a digital to analog converter , a reconstruction
filter for converting the processed signal into a digitized audio signal, and

- an ampilifier for amplifying the digitized audio signal.

20 31. An electronic device that uses a modified version of the Waveform
Similarity based Overlap-Add technique (WSOLA) for time-scale
modification of speech, comprising:

memory for storing a portion of an input speech signal;
a processor for analyzing the portion of the input speech to provide an

25 estimated pitch value and for further determining a segment size in
response to the estimated pitch value; and

a means for time-scaling the input speech signal in response to the
determined segment size.

30 32. The electronic device of claim 31, wherein the means for time-scaling
is further in response to a predetermined d_egree of overlap ranging from O
to1.

33. The electronic device of claim 31, wherein the electronic device
35 comprises a dictation devica.



If pitch Pis between 40 and 60 sanples Ss = 120 - If P less than
40 _sanples Ss— 100 15— A—sanprag—rate—of—8—thz—ts—=assuned in all cases—

above. Acritj t provides WSOLA- SD wi th t he advant ages
t hat over correslrL n Hﬂ ﬁM/oacks previ ously descri bed above in
t he ‘?328,5.;133 I 0 c degree of overl ap f pcrrfusbdoosssegr ee

of overl ap In WeOLA-SD is greater than 0.5, then this provides higher
quality at the expense of nore conﬁJExity. I f the degree of overlap f

in WBOLA-SD i s | ess thap 0.5 he hi s reduces conpl exi.ty of the
al gorithmat tH& -&%ﬁ@g?rontc Jle"lﬁe ‘E{&i?'ﬂn?{’ Wigrein ﬁ@?ﬁé@gp%g%‘" re
flexibility ancomprisesanianswesingrmaghinaise of their particular

application. 25 Again, referring to FIGs. 18-23, the WSOLA- SD net hod
requires a tLme scal e factor ,of .a ich we assune |s.equal to 2 for
this example, 3% th%ﬁ@}cgowp e8| of claim #@M%’SM@%@H“W&@ [err] <l we
have expans§onxommisesa voice maihaysteins segnment size (Ss) which is optinized
to the i nput speech characteristics, nanely the pitch of the speaker.
An overlap segnent siz So is conmputed as f*Ss and, is fixed in WoOLA- SD
for a given pi ggh ﬁé?@fgeg?m time-geajerand, frequencyssaaie modification of speeeh cat er
than 0.5, to slusingha gilodifieguarsioy of the Wavetorht Sintilarity ipagedsDeertdap-Addie fir st
Ss sanples are ' ' i . the index of the

| ast sanpl g beti i eﬁ W“F’P%L’?‘T‘%E‘ | Ny ego g?'ﬁ?%q}g;gt?pg%h determ ned as So
sanpl es frofhthe eﬂﬁtef'"g Reortion ofaminpytsreachignal imarmamen; out put. Now
the sanpl es whi ch bjanhalyZisg theeportipn afl theedinputspedchesiomd) providing aand | [err] as

shown in FIG : i arch index (S[err]) is determ ned as
[err]*( err] as%gg@?rﬂlgaléwli—]ﬁél '8. After an initial portion of the input

signal is copied ¢l determigjnggssegment size in response to the estimated pitch
PCT/ US96/ 00838 value; and 34
15 - d) time-scaling the input speech signal in response to the determined
segment size and a predetermined time-scaling factor, wherein the time-
scaling step provides a time-scaled signal; and
@) frequency-scaling of the time-scaled signal.

20 37 The method of claim 36, wherein the step of fequency-scaling includes
the siep of interpolating by a factor equal to the time-scaling factor if the
time-scaling factor is greater than 1.

38 The method of claim 36, wherein the step of fequency-scaling includes
25 the step of decimating by a factor equal to the reciprocal of the time-scaling
factor if the time-scaling factor is less than 1 and wherein the sampling
frequency of the input speech signal is at least two (2) divided by the time-
scaling factor times a maximum available frequency component in the input
speech signal.
30



into the output, a determnationis made as to the [ocation of the noving
wHrdow—of-s: - t f —
det ermi ned around or about the search index S[err] Wthin the wi ndow, the
best correlating So sanples are determ ned using the cross-correlation 5
equati on prewieghay descri bed above, where the begi nni ng ofpcrhifedieis
sanples determned is Blerr]. The So sanples beginning at Bl are then

mul tiplied by an increasing ranmp functi @94(al t hough ot her wei ghting
“functions can be used) and added to the Tast So sanples in the output.
Prior to the addition, the So safipl ps=ign tThe Sufput™ are€ W Tiplied by a 10

decreasing ranp function. The resul|i%g} sanpl es of Eayidi tibn will
replace the last So sanples in the uf. Fi naIIy, pxt Ss- So sanpl es
which i mediately follow the pri 89 danples afe then
copied to the end of the output jor i&Jer htion, This woul d
be the end of the first itejat] @ ferring to
FIGs. 20 and 21 for the next itefjatN\ong a new
overlap index (err], simlarly jo JeR].j Li kevvis B\/\I‘Se,arch i ndex
Slerr] and correspondl ng search w ndow is deer rﬁned asy done in the
previ ous iteration. Once apain, within the sagq:ll_-! M ndow, the best
correlating So sanpl es areldetermn hBI-elr Dss-crrel ation
equation previously 20 describel above, mnhi ng of the best
sanpl es determned is B2. The So sa G glat B2 are then
mul tiplied by an increasing I ranp furction andLagddel to lthe last So

he So sdnples in the

sanples in the output. Prior to the
THe resul ting

output are multiplied by a decregsing ra
sanples of the addition wll rep]ace q es l|nthe|nput
Finally, the next Ss-So sanples ich{ Il dw t he prior
best matching So sanples are thep copi : 8[l out put for
use in the next iteration. . i Fl y spl t anf™out put
signal fromtwo iterations usingjthe : te that there
is aregion of overlap (Ss-So) ip the 30 siygnal i ch
insures increased intelligibility and preJents he met hod fem
ski ppi ng critical input speechfprmponents|as conpa )t WSOLA
met hod. Ref erring gtz,Fl Gs. 23 Ctnd 24, a ] itera n of an
exanpl e input timng dlragghm aAN0pr SR b T & o ramif or me-scal e
expansi on using the & Ll | &
Lt a2y | 2} >
i ol i N %
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35 WBOLA-SD nethod is shown in accordance with the present invention.
The nmet hod f or ~expansiom essentTatty—fomctors=—s+m+ary—to-the-exanples

~shown in FIGs. 18-22 except that Jerr], the overlap index, noves faster
t han WD 96/ 27184

PCT/ US96/ 00830 96/27184 :
S[err], the Search index. To be exact, (Jerr] noves [err] trnes ?as er than

Slerr] during expansion. The anal ysigggegment size Ss is dependent on
the pitch period of the input speech. The degree of overlap can range
fromO to 1, but 0.7 is used for this exarrplern FI Gs. 23 and 24. The

ance, mr be the inverse of the

i s 2, then the tine

NS ze So woul d equal

ana ys§§ egnent size. Thus,

nd =9 ng an increasing

using a

prior to the
speech

previ ously

i %Q ai ned by dgynam cally
- ithmwith the pitch
'F_J§ne | cation of the
gge size of Ss =

ti.me scaling factor .5
expansi on rate. Assuf®n
scaling factor [err]

f*Ss or the degree of
after several iteration
ranp function on each b
decreasi ng ranp functio
addition, the input sp
signal that maintains a
descri bed. Furt er
adapting the segnent )

of the segnent at th
schene expl ai ned prev e LRgel @z shg
100 (sanpling rate 8 K ; unJoi Lh sounds their
quality is inproved an th i ze Wil |l be Ss
= 2*Pitch. Also a few d¢h Et ng whet her the
speech segnent is voicqd B¢ . ﬂé:ptthqg\@ﬁ hese changes is
descri bed bel ow. o Q-
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1) Frame input speech into 20ms blocks. - 2) Conpute energy in each

bl ock. 25 3)y—€Conmute nunber = ; —4y
Conmput e average energy per bl ock. 5) Determ ne energy threshold to
det ect voiced speech as a function of the aver age energy per bl ock.
5) Using theyeogiess t hreshol d and zero-crossing threshol d de¢Rtsssoesss0
conti guous blocks of voiced speech of length of at |least 5 blocks. 6)

Do pitch analysis on all the voiced segngpgs and determne the average
pitch in each of those voiced segnents. Th|s coul d be done using a variety
of nmethods including Mdifi Auto correl ation nethod, AVDF or di pped
auto correl ation 35%7) The §egnments that are nut nmarked as Voi ced
speech are now@a kedZa at Rve_unvoi ced segnents. WO

96/ 27184 c_-,.... . PCT/ US96/ 00838
36 . 8) Cont IeestSfrarres in the "tentative
unvoi ced seg

nd EEEGh analysis is done. The ratio of
t ot Igient is determned. |If the
t cB¢sified as unvoiced or if it is
smal I these segnmefts @rg s|voi¢d fand average pitch of those
segnents i s deter ‘ i tih ttre—staft and endi ng of the speech
segnent . 9) Seg [ for |Jeach of these classified ech
segnents is § '

the WBX|num
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10 I f voiced Ss= 2*Pitch - I f unvoiced Ss = 100 (Sanpling rate
0f—8 Khz—-s—assured)—— 10—Now-WBEA—SE-rettot of —tTme=scaring s done,

but with a varying segnent size. Here the position of the input speech
segnent used in the 15 processing at each tine instant is determ ned.
Dependi Nng Ogoloks7RPSi tion, t he segnent sizes Ss al r eagicrasbeoosssned i s
‘used in the processing. Using this technique results in a higher
quality tine-scal ed speech signal. | f WSOLA-SD is used to do both
conpression and then a subsequent %ana on on the sane speech input
signal as in the case of our 20 comunication system the quality of the
reconstructed speech signal can be further inproved for a given
average tine-scale factor using several t echni ques. From

perceptual tests, it can be seen that a speggh signal which has a
hi gher fundanent al fFrequancy LLowaL Jpits .p.e.r.l.o.d.).aa.u.,be corrpressed 25

nore for a given spgech quality asjgpnpared to a as

a | ower fundamental §freguenc f”er pi | dren
and femal e speakersywl | gqd ha

frequency. Thus, thegi e Cg

wi t hout noti cAUDIO af Mé dal i y_ of i p . ereas mal e 30
speakers who hdiN erage Wi U :
frequency, can havejt el cqnpr 4

Thus, in a typical ¢o st er number of
_speakers havi ng hi ghe ndarke overal |

i mproved quality i nl-t-he-qhe-pﬁ-od»u-ei-i-em-eif-s-p-e-e-eh-q-s-ebt-al ned with the same 35
conpr essi on/ expansi on (tine-scaling) factor as before. _ Anot her

characteristic of expansion and c " sing this t echni que
| eads to further enhancenents. Fomit was noticed that

AMPLITUDE
|
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WD 96/ 27184
PCI/ 1S9/ 00838 7 Fest of

T LILJ

the artifacts in the speech are produced during the tinme-scale
expansi on of the speech signal. The nore the speech signal is expanded
t he nore thﬁ QF&%PFCts. It was al so observed that if the speridedidosiaal S
pl ayed back a e faster (less than 10% ) than the original speech, the
5 <change in speed is hardly not|ceable but with a noticeable reducti-on in
artifacts. This property hel ps exgzgd speech S|gmquatkla.snaller
expansion factor and thus redu artifacts and i e its quality. For
exanple, if the i pressed oy a tine-s¢al i ng factor of 3,
t-hen during pxpnanded by a factor jof 2.7, which 10
means that the speechT@if), J&SBI aypd faster] by 10% Sijfce this change in
speech rate wl|l and redjses artifacfs, it should be
ention in §pplications

i mpl enented in the nmethod of the-Hr2sent i ' '
t he accuracy of the—speeeh—#s—#gL—absolutely critical.} 15

96/ 27184 SSB EXCITER SET | LINEAR _
PCT/ US96/ 00838~ TO f,, LSB . | 38 i ms
1. A method for kige:scafe -

pndififation of sgeech u5| g a
version of ‘the Waveform Sim larity base '
(WBOLA), the nethod conprising the steps off AMPLIFIER a) sjori a portion
of an input speech signal in a nmenor zﬁ '

of the input speech signal providing

esti mat ed|pgBEh val ue;
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c) determning a segnent size in response to the estimted pitch
value, arnd 10 gy time-s

response to the determ ned segnent si ze. 2. The nethod of claim
1, wherein the step of determ ning a segnent size further conprises
the step of whssamisaal | y adapting the segnent size 15 W th g-mhdebos¥s! U
determ ned directly fromthe input speech signal. 3. The nethod of
claim1, wherein the method further congyigses the step of providing a
degree of overlap equal to or greater than 0.5 optim zed for enhanced
out put speech quality. 20 4. The met hod of claim1, wherein the nethod

further conprises the a degree of overlap less than

0.5 optinized for X ower corrpu[.a.ti.o‘nal cqnpl exity. 25 5. A nethod
for tinme-scale nofiyfigdtjon of spepch ising d nodified version of the
Waveform Sinmilarit ani due (WSOLA), the nethod

conprising the step ind a portion of an input speech
signal in a nenory; b) deta ngla pitch period fromthe
portion of the input sgeech 30 signal -roviﬁlng an estimated pitch val ue;
c) determning a segnmenpt size in rg t he estlnaiﬁm pitch

%
eSSi Y trqm nput sp

val ue; d) tipge-scalg & =cmgnal in
response to the det er mide ent si z¢;A™and 35 & ti me-scal e
expandi ng the i np& .spéech si gn N\ S
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WO 96/ 27184
39 ©. The nmernodof cl af
segnent

segnent size
speech si gnawo 9621184 7.
conprises the step

greater than 0.5 optim zed for
8.

of providing a degree of overlap less than 0.5 optim zed for

PCT/ US96/ 00838

size further conprises the step of dynam cally adapting the
with a pitch value determned directly fromthe input
The nethod of claimb5, wherein the

t her
of providing a degree of overlap qugﬁnﬁgmg&k

enhawggd out put speech quality.

The nethod of claimb5, wherein the nmethod further conprises the step 10

| ower

conput ati onal conpl exi tey Q A nethod for use in a voice capabl e
device for time-s@l e rqodification of speech_using & nodified version
of the Waveform Shnil gdity based 8 erl ap-Adq technjqgue (WBOLA) to. form
an out put signal, ring the®™ stegs oy” at an out put

devi ce: ajp dét e piit c rigd ¢f ap | nput speech signa
provi di ng an esSN ed pitchl vaNue; £0 defefm ning an anal ysi s
segnent size in responde to estinpted pit val ue c)

ti me-scal e expandi ng t i ch signal tolp b B resul tant

L

out put speech signal. [25 (. fhod for tine- npdi fi catLon of :
speech dependent upon {he & | pi period of a speakpgr] using aghodified
version of the for S ﬁi rity based CNerIap-AdE t echni Qe
(WBOLA), conpri si Leps Dk s a) determhijng the ch period
of the speech proyi iq% ah est Egg? pitch; 30 b) detegm ning an
anal ysi s segnent s (ac:eiwg a nbk— tely tw ce the estinat@d pitch;
. S
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Cc) increasing a tine-scaling factor above an average tinme-scaling
factor if the pitch Is bel ow-a—predetrerrred—threstot: aerret vy
decreasing the tinme-scaling factor bel ow an average tine-scaling 35 factor

if the pitch is above the predeterm ned threshol d.

40 11wo§EE7f§§t hod for tine-scale nodification of spe@&-,‘ggs,m m 10,
wher ei n nmet hod further includes the step of:
assigning a degree of overlap during the speech conpression dependent
upon the tinme-scaling factor used in either step c or d. 5 12. The
met hod for tinme-scale nodification of speech of claim1l, wherein t he
met hod further includes the step of: 8/14 f) expandi ng the speech by
approximately 10 percent |ess than the time-scaling factor used in
either step ¢ or d. 10 13. A net hod for ~conpressing a plurality of
voi ce signals within a voice co /en
bandwi dth within a voice co ifcaki on sygtem conprising the sfeps
of : o (a) subchannel i ng t he® @ cp ng cation resource andf 15
si mul t aneo p plurality of
signal s el ; and conpr ing th p of
each of thg voite signals 'thi n efch ke subcffa . n the
step of cofpries€& ng t he | td of eafh of the VETINaY=] + Hes
the steps | =5 b9 =30
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20 c) determining the pitch perlod of - each of the voice signals
proM-di-Rg a- ———<correspondi ‘ -
d) determ ning a segnment size for analysis apprOX|nater twi ce the

estimated pitch; e) increasing a time-scaling factor above an
average ti W&Eﬂvhﬂg 25 factor if the pitch is bel ow a prepefgssgionas

t hr eshol d; f) decreasing the tine-scaling factor bel ow an
aver age tlne scallng factor if the pitch is above the predeterm ned

t hreshol d, wherein the result of StﬂPS (a) through (f) provides a
conpressed voice signal. 30 14. The net%dd for tinme-scale nodification of
speech of claim 13, wherein the nmethod further includes the step of:
@) assigning a degree of overlap during speech conpression

dependent u the tine-scaling factor fised jn either step. e or
WO 96/ 27184

PCT/ US96/ 008338 . The

net hod for tfi 6 f P eech t he.
w1 evlgn v e (e Vsl oy L, 1

approxi mat el 10 _perdent | ess lthan the din

either step c or d. 5 A Qqo ni cati on systen1using voi ce
conpressi on havin station and a
plurality ective call receiveys, I si ng: t he
transmtt ase station- 10 ' LVi |

si gnal ;

FRAME 0 |FRAME 1| FRAME 2 Z §=RAME 125| FRAME 126|FRAME 127
\ 430 430 N330 430 “— 430
[330 :

- i

SYNC

SIGNAL | Bl AF VF VF
& F N

\ 331 \33;\ 333 \ 334 334 /

: 335 [330 -
) -

SYNC | g ocko |BLOCK 1| BLOCK 2 BLOCK 9 | BLOCK 10

SIGNAL

\‘-331 ‘;~340 L \‘-340 . T\-;,‘v,to

340
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WD |WD|WD WD IWD|WD{WD|WD | WD |WD|WD WD |WD|WD|WD|WD
0Ol112|383]4]5|6|7 (18 ]9]|10]11]|12]13]|14( 15
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a processing device for conpre55|ng the audlo signal using a WSOLA- SD

t echh-gue—anRd—guadrat ure anpl i provi de a
pifocessed signal; and a quadrature anplitude nodul ation
transmtter for transnitting the 15 processed signal; at each of
the pluralityoedsspgl ective call receivers: a sel eﬁt_-fmmg
receiver for receiving the transmtted processed signal;

processi ng device for denodul ating the received processed si gnal usi ng
a quadrature anplitude denodul ation techdigfl4 and the WSOLA-SD 20

expansi on technique to provide a reconstructed signal; and an

anplifier foy anplifying the reconstructed signal B1h
reconstruct eliﬂuuu UST Ut ﬁmw%yﬁewr&lcl aim

16, wherein the quadrature 25 armJlfJidp modul atian is singl and
modul at i on. 18] The confunicati ol syst&m of clainf 16, whereiln the
quadrature | CYCLEDI | (CMBLEOJLICHCIB 21 € | n- phaGYCLE 13 CVEillEat4iie (O
nodul ation. |30 19.1 The co ni cati on\systef of claimfl6, whereinf the
conmuni cat i off Systenr e ude ToTE than ONe transnitrer base stations
trol signal that requests

and the processed Si - i ncl\des ( I
information fro St one 320he sel ec i
form of anfacknow edgnent signal that al l ows the comuni ca

ceivers in the

tem
to target11ﬂﬁne NMESSages 10 the al eaSt 35 one ol tne Serectrve ca
recei vers thr mlgh Q of the trapnsinit [. base tations
96/ 27184 ' PCT/ US96/00838
FRAME 0 | FRAME 1{ FRAME 2 FRAME 125{ FRAME 126{FRAME 127
\-330 430’ L_431— N-331 432 433

v v

435 440
441 441
SYNC “~SUBCHANNEL 1 ) SUBCHANNEL 1
SIGNAL SUBCHANNEL 2 SUBCHANNEL 2
& FI —'ZL_T_"‘gL SUBCHANNEL 3 SUBCHANNEL 3
442 443 3 | l
/ /._447
worl 415
- MESSAGE FRAGMENT 1

MSG 1 FG 2 RlmsG 1 FG 2kl unuseD kfmsce Fat kjMSa2 FG 1
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42 20. The communi cati on systénrof cIéLn116, wherein the system
f urttrer conprises— “—gt—t-he—transmi-tter pi | ot .
carrier signal generator to serve as an anplitude and phase 5 ref erence

for distortion that occurs as a result of channel aberrations;

at the receiwgvsr7184 a receiver circuit for detecti ng %an and
responding to the anpl i tude and phase reference generaFg e
pil ot carrier signal generator. 10 21. A selective call receiver
for receiving conpressed voi ce signals, conpri si ng: a

selective call receiver for receiving iy%{ansnitted processed signal
a processing device for degpdul ating I1#d4; ccei ved processed signal 15

using a single side band ation tecthgzigﬁyd a WSOLA- SD
expansi on technique to pr reconstru Mynal ; and . an

ampl.ifier for anplifying t onstructed into an —{§
reconstructed audi o signal}. 22. The el Egt] ¥ cal |l sreaerver of claim
21, wherein the selective receiker uigher corjpr | -
a receiver circuit for det , filtering a spondi rjg he
anplitude and phase refer nerated byjla PR carrigr siegpal
generator in a transmtterf at 3 Qgse stati pn. |2 © WO 96427184
PCT/ US96/ 00838 / sV - 3
> 518 |35
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43 23. - A selective call ion for transmtting
selective call — gignals on—a—esmdf = e—havRe—a
pr edet er mi ned bandwi dt h, conpri si ng: an input device for

receiving a plurality of audio signals;

subchannel i gj commun
of subchannékggnsﬂﬁ

each subchannel
signal and filtering
audi o signal for each subchgn
The sel ective call paging base
device for recejpvin | urgala
t erm nal fer recelrvin
comput i ng devic*.___.s

23, wherein the 20 an%lit
anti-alias filter cougl ed t
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A method for time-scale modification of speech using a modified version of the Wavefonn Similarity based Overlap-Add technique
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