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Inthispaper, we discuss speech processing applications
inthe integrated access and cross-eonnect system, digi­
tal cellular telephone system, operator services position
system, and intelligent networks. These applications are
used to show how theAT&T Network Systems product
line allows telephone companies and business customers
to implement solutions based onend-user characteris­
tics, expectations, and requirements.
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Introduction
This paper addresses fourexamples of speechtechnology

applications. Integratedaccessandcross-connect and digital cellular
telephone systemapplications enhancethe use ofexisting network
facilities, while the applications in operatorservices and in intelligent
networks enhance operations efficiencies.

The integratedaccessand cross-eonnect system (lACS) is a
wideband packetproductthat is beingused in private andvirtual
private networking applications for efficient transportand multiplexing
ofmultimedia traffic. The productintegratesseveraltechnologies,
including advanced techniquesfor coding speechandvoiceband data
signals, digital speech interpolation, echocancellation, and packetpro­
tocols. This reduces the amountoffacilities neededformultimedia
traffic and thereby reduces cost to the network services providers.

Digital cellular telephone systemsmakeavailable public
mobile servicethat is integrated withthe wired telephone network.
Here the challenge is to reduce the channelbit rate,while retaining
speech quality, to increasethe numberofchannels in the radio
bandwidth allocated to this service. Speech technology multiplies the
numberoftelephone callsthat can be madeon crowded cellular tele­
phone systems.

The operatorservicesposition system (asps) is a feature ofthe
5ESS® switchused by telephoneoperatingcompanies for directory
am\to\\ ass\s\al\ce o\)e\':ato\': se\':V\ces.S\)eec\\\':eco~\t\Ol\\sbe'mg
implemented for determining calltype andwhether abilledparty will
acceptcollect calls. Among the advantages ofthis technology are that it
reduces operatorfatigue and can supplement operatorsin emergencies.
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Panel 1. Acronyms In This Paper
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ADPCM
AM
ASR
BRI
CCfIT

CELP
CM
DDS
DICE
DSP
DTMF
HDLC

IAC
IACS
IAT
ISDN/SM

LPC
MIPS
MPLPC
NSCX
aSPS
aT
PC
PCM
PSM
RPE
SM
TDMA
VSELP
TIA
TID
VDLC
VLSI

adaptive differential pulse-code modulation
administrative module
automatic speechrecognition
basic-rate interface
International Telegraph andTelephone

Consultative Committee
code-excited linearpredictive
communication module
digital dataservice
digital circuit emulation
digital signal processing
dual-tone multifrequency
high-level datalinkcontrol; international

standarddeveloped by the International
Standards Organization (ISO)

integrated accessterminal
integrated accessandcross-eonnect system
integrated accessterminal
switching module supporting Integrated

Services Digital Network
linearpredictive coding
million instructions per second
multipulse linearpredictive coding
network services complex
operatorservices position system
operatorterminal
personal computer
pulse-eode modulation
position switching module
regularpulse-excited
switching module
time-division multiple-access
vector-sum-excited linearpredictive
Telecommunications Industry Association
Telef6nica Investigacion y Desarrollo
virtual datalinkcapability
verylarge scaleintegration

Customer accessto intelligent network services
often requiresthe use ofdual-tone multifrequency
(DTMF) signaling. Automatic speechrecognition (ASR)
technology provides modernization ofthe user interface,
especially whereDTMF signaling is notavailable. In an
international application, the 5ESS switch with ASR capa­
bility in integrated peripheral equipment will soonbe
used to give accessto intelligent network features. These
services will thus be madeavailable to customers without
DTMF service.

Integrated Acce.. and Cross-Connect System
AT&Ts IACS integrates speech, voiceband data,

image data, digital data, andnetwork management and
control intoone self-healing wideband packet net­
work,1-3 It cross-eonnects in both the circuit andpacket
domains, andoffers easyloadsharingand"graceful
degradation" ofvoice traffic ifoverloads do occur. The
IACS provides multiplexing, transport, andnetworking of
analog anddigital traffic. Asshown in Figure 1,the IACS
has two basic components: the integrated accesstermi­
nal (IAT) and the integrated accesscontroller (IAc). The
IAT provides bandwidth on demand andoffers uniform
procedures for network management and support. The
IAC is a management systemforcentralized control and
maintenance ofa network ofIATs.

The IAT is ofinteresthere: it uses speechtech­
nology in its multiple rolesoftraffic classifier, speech
coder, packetizer, statistical multiplexer, and digital data
interface. Digital data, signaling, image data, and net­
workcontrol information arrive from channel banksor
other IATs at the primary rate of1.544 Mb/s (megabits
per second), or at 2.048 Mb/s, andfrom local concentra­
tors viaISDN basic-rate interface lines.

The IAT differentiates between speechspurtsand
voiceband data. It furtherclassifies voiceband datatraffic
on the basisofits speed. Echo cancellation within the IAT
compensates foranyechoescausedbytransmission or
packetization delays. However, speechdetection, echo
cancellation, anddynamic classification ofvoiceband data
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Figure 1. Architecture
of Integrated access
and cross-connect sys­
tem. A variety of ana­
log and digital signals
are processed, com­
bined, and routed
through a network of
Integrated access ter­
minals. The Integrated
access controller Is
used for centralized
management of several
Integrated access ter­
minals. The local con­
centrator connects
subrate data traffic to
an Integrated access
terminal. 79

canbe disabled if desired.
Avariety ofspeechencoding algorithms are sup­

ported, such as fixed-rate adaptive differential pulse-eode
modulation (ADPCM) according to CCfIT Recommenda­
tionG.721/G.723 (ANSI T1.303), andembedded ADPCM
with 2 core bits and 2 enhancement bits according to
CCITf Recommendation G.727 (ANSI T1.310). (CCITf is
the International Telegraph andTelephone Consultative
Committee.) Packetization ofspeechrequires thatvoice
packets be played out at regularintervals at the receiving
end.This regularplaying out is achieved throughthe
procedures ofthe CCITf PacketVoice Protocol G.764
(ANSI T1.312).

Digital speech processing techniques are used to
automatically adjustthe amountofcompression on data
modem signals, depending on the bit rate.The IAT pack­
etizescontinuous-bit-rate digital data in oneoftwo ways.
Using digital circuit emulation (DICE), the IAT can inter­
face to 64kb/s (kilobit per second) digital datachannels
or digital dataservice (DDS) subratechannels ofthe DSOA

format. It canbe provisioned to remove DDS idlecodes
and the redundant copies ofthe DSOA format. DDS sub­
rate services (at2.4 kb/s, 4.8 kb/s, and9.6 kb/s) can
thus be carriedat rates closeto the actual user bit rate;
removing this unneeded information furtherreduces
transmission cost.

The IAT's virtual datalinkcapability (VDLC),
extendsDICE to protocols that use high-level datalink
control (HDLC) procedures at the linklayer. Itallows the
IAT to detectandeliminate the HDLC flags inaddition to
eliminating DDS control, subrateframing bits, andDDS
idlecodes. Furthermore, VDLC allows partitioning and
rejoining ofHDLC frames, to accommodate layerframes.

The IAT interfaces directly with networks provid­
ingframe-relay services basedon link-access procedures
forD channel (LAPD). Ittherefore can network frame­
relayservices at the nst or fractional-nsl level, Frame
relayservices are particularly suitedinwide-area distri­
butedcomputing networks and integrated networks at
the primary rate of1.544 Mb/s.
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Figure 2. A com­
parison of the speech
quality of several key
voice coding techno­
logies. A pulse-code
modulation coder, as
used In the pUblic net­
work, yields high qual­
ity but requires a high
bit rate. A hlgh­
complexity hybrid
coder, such as a CELP

coder, yields high
quality even at very
low bit rates.
(See Panel 1 for
definitions. )
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The lACS fitsmany traditional networking appli­
cations and opensavenues fornewservice concepts in
point-to-point applications, in satellite networks, invirtual
private networks, and inother services. 1,2,4-6 The ability
to compressvoice anddata traffic while maintaining toll­
quality service meansthat the lACS is ideally suitedfor
facility reliefapplications where compression and
dynamic bandwidth allocations are needed. Applications
ofthe lACS in satellite networks relyon compression and
cross-connection ofpackets; the lACS is readily suitable
for multidestinational use becausethe address informa­
tionis contained in the header ofeach packet. With lACS,
newvirtual networking services canbe tailored to the
specific needs ofthe traffic, whethervoice, data, or
image. These services are called ''virtual'' becausethere
is no permanent assignment ofbandwidth through the
digital transmission facilities. Rather, bandwidth is allo­
catedon demand and is statistically sharedwith other
users ofthe samelACS.

Digital Cellular Telephone System
Today's cellular telephone system is basedon

repeated use of832 frequency-modulation (FM) radio
channels within the radio spectrum allocated bythe
FederalCommunications Commission. To meetantici­
patedgrowth in the demand forcellular telephone ser­
vice, from 2 million U.S. subscribers now to 18million in
1995, a newgeneration ofdigital cellular equipment is
needed, with digital signal processing techniques for
low-bit-rate speechcoding, spectrally efficient modems,
andfastadaptive equalization. High-quality speech
codersthat operate at the lowest possible bit rate playa
keyroleina spectrally efficient digital cellular system.
An8-kb/s speechcoding algorithm has been selected for
use indigital cellular equipment. In addition to quality
and bit rate, other factors that constrain the choice ofa
speechcoderare robustness in the cellular environment
and implementation complexity.

TheTelecommunications Industry Association
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Operator Services
The 5ESS switch asps product'" is usedbytele­

phone companies for directory andtoll assistance opera­
tor services. Automatic speechrecognition is being
implemented to automate someoperator functions. The
ASR feature canautomate operator-handled toll and assis­
tancecalls, particularly forcall-type recognition (e.g., col­
lectandcalling card calls) andfor recognition ofbilling
acceptance bycalled parties. Operators are always avail­
able whencallers' requestsare not recognized bythe ASR
equipment andforcustomer-requested operator han­
dling (i.e., whena customersays"Operator").

Using existing asps capabilities, telephone com­
panies canconfigure teamsofautomated positions that

(PCM) coder, for example. Speech codertechnology is
being drivenby advancesin digital signal processing
(DSP) andverylargescaleintegration (VLSI) devices (see
paperbyPurdue, Leikness, and Sharpin this issue).

Cellular service providers requirethat higher
capacity cellular equipment be madeavailable in 1991,
yet revisions to theTlA standardwill be issuedthat could
changedetails ofthe VSELP algorithm. Thus,AT&T has
scheduled VSELP implementation ina DSP inequipment
for the Autoplex" cellularcommunications system
scheduled forcommercial availability in late 1991. Afull­
duplex CELP coderhas been implemented in anAT&T
WE® Dsp-32c device 11 and has formed the basis for
implementation ofVSELP in anAT&T WE Dsp-16A forthe
Autoplex digital cellular system.

(TlA) has agreed to use time-division multiple-access
(TDMA) technology for the newsystem, which uses an 8­
kb/s speechcoding algorithm. Channel bandwidth will
be kept at the current30kHz (kilohertz) to ease the tran­
sition from analog to digital. Thus, an existing analog
channel unitserving one conversation could be replaced
bya digital unitserving three in the same3G-kHz chan­
nelwithout affecting adjacent analog channels. A3G-kHz
channel could supportdata rates up to 48.6 kB/s (kilo­
bytesper secondj-i.e., 16.2 kb/s per conversion. Taking
overhead intoaccount, the upperlimit on the speech
coding rate is 13kb/ s.

In speechcoderswith low datarates, lossof
information can meanseriousdegradation in speech
quality (see paperbyIayant, Lawrence, and Prezasin
this issue).Figure2 shows a plotofquality as a function
ofbit rate for several classesofspeechcoders." Combin­
ing the requirements ofhigh quality andbit rates below
10kb/s focused coderselection on the classofhigh­
complexity, hybrid coders.

Representative ofhybridcodersare multipulse
linearpredictive" (usedby British Telecom in
Skyphone'" services), regularpulse-excited? (avariation
ofwhich wasselected as the speechcoderforuse in the
pan-European digital cellular system), andcode-excited
linearpredictive (CELP) .10 (Skyphone is a trademarkof
British Telecom.) The coderselected foruse in the U.S.
digital cellular systemisvector-sum-excited linearpredic­
tive (VSELP), a variation on CELP. Witha bit-rate of8-kb/s,
this coder, combined with channel coding at a 5 kb/s
rate,yields speechquality equalto or better than analog
FM under similar conditions. The VSELP coder uses a spe­
cialset ofcodebooks that are derived from vector sums
ofbasicexcitation vectors representative ofspeechcon­
tained in a speechdatabase.

TableI shows a comparison ofthe numberof
millions ofinstructions per second (MIPS) for typical
implementable speechcoders. The numberofMIPS that
are requiredforCELP coders is at leastan order ofmagni­
tude greater than required bya pulse-code modulation

Table I. Speech Coder Complexity

Coder Bit rate (kb/s)

PCM 64
ADPCM 32
~E 13
MPll'C 10
CELP 8

SeePanel1fordefinitions ofacronyms.

Complexity (MIPS)

<l
<l
6
10

15-30
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Figure 3. Architecture
for an operator ser­
vices position system
with automated toll
and assistance. The
host SESS switch
gives access to the
outside network for
both operator termi­
nals and automated
terminals (those with
automatic speech
recognition).
(See Panel 1 for
definitions.)
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incorporate ASR, just as theyconfigure humanoperator
teams. An existing asps feature canbe used to allow
humanoperatorteamsto handlecall volume traffic over­
loadsexperienced bythe automated team. This preserves
overall customerservice at desiredlevels. The speech
recognition algorithm proposed for this feature is a key­
word-spotting algorithm, based on a hiddenMarkov
model.P that can recognize wordsembedded in continu­
ous speechwith over95percentaccuracy overtypical
telephone lines.

In a typical scenario, the callerwill initiate the
ASR service by dialing 0 plusthe desirednumber. If the
calling station is restricted to operator-handled treatment
only, the callwill be delivered to a humanoperator. If the
dialed numberfitsanyofthe card service formats, the
calling partywill experience normal cardservice. Nor­
mally the callerwill hear a tone prompt andcan respond
with the desiredcalltype (e.g., collect, calling card,third
number) eitherby speaking or usingDTMF tones.

AT&T TECHNICAL JOURNAL. SEPTEMBER/OCTOBER 1990

Collect. If the caller speaks"collect" or dials the
DTMF digits fora collect call, the caller will be prompted
forhis or her name, which is recorded bythe system.
Mer speaking the name, the callerwill hear normal net­
workresponses following outpulsing ofthe forward
number-ringing, busy, or possibly intercept announce­
ments (such as "all circuits busy"). The caller's linewill
be splitor mutedwhenthe called party answers. Mean­
while, the called party hears a charge-acceptance prompt­
ingannouncement including the recorded calling party
nameanda requestto say"yes" to accept or "no" to
rejectthe call (e.g., ''You have a collect call from recorded
name. Would youacceptthe charges? Please say'yes'or
'no.'"). If the called party says''yes,''he or she will be
connected to the callerandbothwill hear an announce­
mentthat theycango aheadwith the call. If the called
partysays"no," a denial announcement will be given to
the caller (e.g., ''Your callwasnotaccepted. Please hang
up."). TableII summarizes a typical collect call scenario.



Table II. Example of an Automated Collect Call

What the OSPS system says

"At the tone, please say calling card, collect,
third number, person, or operator"

"Please say your name, now."

''You have acollect call from Mary Roe. Will
you accept the charges?"

''Your collect call has been accepted."

What the customer says What the OSPS system does

"I want to call collect" Spots the word collect

"Mary Roe." Records speech Mary Roe;
places call

"Huh? Oh,yes." Spots the word yes

Completes the call

Third Number. If the callerspeaks"thirdnum­
ber" at the prompt from the switch or dials DTMF digits
requesting third number billing, the caller will be
prompted to dial the third number. After dialing the third
number, the callerwill typically hear normal network
responses (asabove) and be connected to the called
partywhenhe or she answers. For third numbercalls
that requireconfirmation ofbilling acceptance, the third
partywill hear an announcement upon answering the
telephone. This prompting announcement includes a
statementofthe calling party'sname, identification ofthe
call as a third numbercall, and a request that the third
partysay"yes" to accept or "no"to rejectthe call billing.

Other Charging Types. Usersofautomated calling
card service will receive the sametreatmenttheydo
today; that is, theywill be askedto dial a calling cardnum­
ber. Callers who request "person" will be transferred to
operators for this premium service. Callers mayexpli­
citly request operatorassistance by dialing aor saying
"Operator."

Figure 3 depicts the basic5ESS switch asps toll
and assistance service architecture with ASR functionality.
The automated positions will be traffic-engineered just as
the present operatorpositions are. Because not allcusto­
mers will wantor be ableto use the automated service, it
is expected that there will be a slightincrease in real­
timeutilization ofthe switch.

Forbilling purposes, asps will recordthatASR
wasused to handle the call. This allows the telephone
company to chargedifferent rates for automated versus
operator-handled calls, whendesiredor required.

Intelligent Networks
An emerging area ofspeechprocessing applica­

tionsis that ofintelligent networks, which offer network­
basedservices viaa combination ofdistributed intelli­
genceandout-of-band common channel signaling. Intelli­
gent network nodeslikethe network services complex
(NSCX) provide interactive services suchas toll-free 800
service calls.

Until now, the callerinput to intelligent network
services requireda Touch-Tone or DTMF phone. Soon,
however, ASR technology will be introduced to modernize
the user interface, especially whererotary phonesare
used. Enhanced 800 services controlled through voice
commands are the leading intelligent network application
targetsforASR technology. Menu-driven 800 advanced
callprompter or creditcardservices will respond to spo­
ken digits inplace oftonesand automatically routecalls
or approve credit.

Intelligent network services have attracted the
interestofinternational customers and have increased
AT&T's potential for switching equipment sales. The
firstAT&T deployment with ASR capabilities will be in

AT&T TECHNICAL JOURNAL • SEPTEMBER/OCTOBER 1990
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Figure 4. Decision
tree for a representa­
tive intelligent net­
work service-news
delivery for
TelefOnica. The caller
need only say (and
the system need only
recognize) the spoken
words "uno," "dos,"
and "tres."
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Spain in the firstquarterof 1991. The small numberof
Touch-Tone phonesin Spain (less than 5 percent) and
the high-technology profile ofTelef6nica, the Spanish
telephone administration, have been the primary factors
leading to the newservice. Telef6nica will offer toll-free
enhanced 900 services (equivalent to the U.S. 800 ser­
vice) forthe 1992 Summer Olympics in Barcelona. Such
services mayuse decision trees likethat in Figure4.

The targets ofthe Spanish intelligent network
application ofASR wereconservatively set to accommo­
date the relatively old network and the pool ofusers who
are unfamiliar with automated services. TheASR
subsystem will supportspeaker-independent isolated­
word recognition ofthe Spanish keywords uno, dos, and
tres. This provides menuvariety and simplifies data
collection forword modeling. The speechrecognition

AT&T TECHNICALJOURNAL.SEPTEMBER/OCTOBER 1990

algorithm is basedon hiddenMarkov models-" and
can spota limited set ofvocabulary words embedded in
extraneous speech (see paperbyWilpon et al. in this
issue). For isolated keywords, the recognizer correctly
identifies the word 98percentofthe time. However, our
experience in the field indicates that often customers
respond with extraneous speechinaddition to the voca­
bulary word. For suchvocabulary words embedded in
typical customer responses containing extraneous
speech, the recognizer rate is better than 95percent.
AT&Ts ability to develop interorganizational synergies
has resultedin swift technology transfer from research
to development anda timely meeting ofcustomer needs.

Aflexible andcost-effective architecture was
designed for this project. The ASR subsystem is an
adjunct to the NSCX. Each subsystem is basedon a per-



sonalcomputer (pc) with 12dual-channel Dsp-32c boards
and can servea totalof24channels at one time. The DSP
board is designed to acceptspeechthrough a coder­
decoder (codec) from dedicated linesfrom the NSCX and
to recognize the speech. Ageneral-purpose interface bus
feeds the ASR decision backthe the NSCX. The entireASR
frame houses three subsystems, for a totalcapacity of
72channels.

Oneofthe key tasks ofthis project wascollec­
tionandverification ofspokenSpanish forlanguage
modeling. Fully automated pc-based speechcollection
stations-with optical diskdrives formass storage, tele­
phoneinterfaces, announcement capabilities, and soft­
waretoolsfor semiautomated speechediting-were
installed at aTelefonica centraloffice in Madrid. The sta­
tionswereassignedtoll-free 900 numbers. Personnel of
Telefonica's research and development organization,
Telefonica Investigacion y Desarrollo (TID), weretrained
to maintain the stations. Ascenario resembling a menu­
driven service in Spanish wasemployed to collect the
spoken words"uno," "dos," and "tres." All digits, "cero"
through"nueve" ({}-9), and "si" and "no" werealsocol­
lectedin isolated form.

This dataacquisition effort lastedovera period
ofapproximately 8 months (April to November 1989) and
recorded over8000 speakersfrom a total of9 Spanish
provinces and 50centraloffices. This database wasini­
tially verified byTID personnel. The uno-dos-tres portion
ofthe database wasthen cross-checked byAT&T Bell
Laboratories. Files containing inappropriate responses,
signaling tones, or no speechat allwereremoved. About
2500 recordings ofeach ofthe words uno, dos, and tres
werefinally used as testingand training data.

Particular attention was paid to the performance
issues ofASR technologies for recognizing keywords em­
beddedin unconstrained speech. The database described
above included little representation ofextraneous speech
material. Thus, it wasnecessary to include additional
material in the model formation process. Therefore a
secondary collection effort wasrun byTID overa 2-month

period (December 1989 andJanuary 1990), tailored
specifically to gather extraneous material. Aminitrial at
the AT&T Network Systems International offices in
Madrid with prototype ASR hardware inearly February
of1990 provided moreunconstrained dataas well as
preliminary field performance figures. Achievement of
the desiredspeechrecognition performance targetswill
be verified duringa moreextensive field minitrial run
with TID on prototype hardware in November 1990.

Telefonica's efforts to upgrade its telephone net­
workandAT&T's commitment to meetcustomer needs
have been the driving forces in technology growth. Direc­
tionsfor the future mayinclude increased vocabulary
size (0to 9,si, no) to accommodate largermenusand
connected-digit recognition foradvanced creditcard ser­
vices. Algorithmic advances that would allow such
growth on the presentsystemare feasible. In addition, the
experience gained in this project will facilitate AT&T's
development ofASR capabilities forother languages and
applications, bothwithin the U.S. marketandabroad.

Conclusion
The applications discussed in this paperare

examples ofspeechtechnology applications to AT&T
Network Systems products. AT&T Network Systems is
committed to incorporate these newtechnologies to
enhance its product linesto better serve the needs ofits
customers.
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speech recognition and wireless technologies. He has a B.S.
in physics and M.S. in mathematics from Stevens Institute of
Technology, Hoboken, New Jersey. Mr. Sherif is a dis­
tinguished member of technical staff in the Advanced Digital
Signal Processing Department. He works on systems
engineering and standardization of wideband packet net­
works. He has a B.Sc. in electronics and communications and
M.Sc. in circuits from Cairo University, Giza, Egypt, and a
Ph.D. in bioengineering from the University of California at
Los Angeles. Mr. Thorkildsen is a supervisor in the Radio
Technology Department. His group incorporates speech pro­
cessing technology, including low-bit-rate speech coding, into
AT&T digital cellular systems. He has a Ph.D. from the Univer­
sity of Virginia, Charlottesville. Hejoined AT&Tin 1981.

(Manuscript received june 19, 1990)


