-1- SYSTEM AND METHOD FOR ADJUSTI NG AN AUDI O SI GNAL FI ELD OF | NVENTI ON
100011 The invention relates to a system and nethod for adjusting an audio
signal, in 5 particular an audi o signal generated by a speaker in a
comuni cati on device. BACKGROUND [00021 In electronics, an audi bl e audio
signal is generated by generating an elegtrical signal representative of
the audi bl e signal and feeding that signal to a speaker. Various 10

adj ust ments can be sgREleived NDOMIENSIGI FoR ﬁb@t}ﬁhNd; AN NEhE sghRAgi ng its

vol une, pitch and frequency, using known anal og and digital signal
processi ng techni ques. [00031 For a conmunication device, such as a
cel l ul ar phonggrp crunramTibgat ure provi des a vol une setting which
selectively increases and decreases volume of an audio signal generated by

the device's [spaakerrhe Rkni@nusiees @fa @st@xﬂ'ah&lh@ﬂho@fb@%umg ANARIEA RO 15
difficulties, when he tal ks on the phone, the phone's volune sefting may be

pl aced at Sa PMHICHA" anAIfGHENplegatrated By 7 pRepkes §b2 ¢Enuiralion &vishal of t he
person calling the user. Alternatively, the volune setting nay be set at a
sufficiently high level to enable the user to listen to the audio signal

gener ated by ar phone mnthout requiring that the cellular phone
be pl aced |néégﬁqgﬁéyﬁ%%ar the user's ear. This settlng is useful when the

20 user Chec‘f&)ﬁal S Yr? !318& o%% an%é/(f Bl% qyltlle?l%{;' g‘éan%fatleﬁi 1§¥ %enefggn%?rgelf%z%cg vel, he

can hold the | ul'ar phone 1A T on ges
while still b@nﬁgqabkganCééeanhékSQQWpadﬂmﬁmghatﬁgmnmhawaahon@nomhls

enabl es m cess .t he appr.op eys as
e i o s B O SRR G il AGEERR S SPRIORC Bt
| ncr easi ng thﬁrequﬁomwen&)imown@ehibglhrafrdlgulmcbﬂlgnqjas;tcesamgkﬁcmhwsd I evel i ntroduces
25 distortion to'the generated audio signal, thereby making it difficult to

under st and. [M0§3b51 FW%&WE\‘PH prvieesish prp cedelnihgue s cprov fa&@rqjynam c
moni t or i ng ofr AL vorh IR mc@é@me@ﬂg ol SERUERN ORI AL AYdhig ST gnal

has excessive distortion and then e a corrective shaping S|gnal to
it to reducesighd genesatest iy tbﬁnde"&géhmaéefh riog easer wor ¢cllu1vew}50nmh¢ hasthgsrings e

sophi sti Gat ed;seuadakildhe LA AURR thﬁc}fh unt 30
of signal probe53|ng é%pgiﬁﬁltﬁes 0 oE@QH&&ﬁg&aﬁ%ﬂ&%&i ??%%ﬁqgnal
devi ces, suchhigl’ vopume level, to increase the audio signal of the person calling the user.

Alternatively, the volume setting may be set at a sufficiently high level to enable the user
to listen to the audio signal generated by the cellular phone without requiring that the
cellular phone be placed immediately near the user’s ear. This setting is useful when the
20 user checks his voice mail system. Therein, with a high volume level, he can hold the
cellular phone in front of him and listen to his messages while still being able to see the
keypad of the cellular phone. This enables him to see the keypad and quickly access the

appropriate keys as he navigates through the commands of the voice mail system.

[0004] Increasing the volume on a celiular phone past a threshold level introduces

25  distortion to the generated audio signal, thereby making it difficult to understand.

[0005] Known signal processing techniques provide dynamic monitoring of audio
signals to dynamically recognize when an audio signal has excessive distortion and then
provide a corrective shaping signal to it to reduce the distortion. Such techniques work
very well, but use sophisticated evaluation techniques which require a significant amount

30 of signal processing capabilities to implement them in real time. Smaller devices, such as



cel lul ar phones, have limted signal processing capabilities, and may not
have sufficient capabilities to inplenent these techniques. [0006] There
is a need for a system and net hod of adjusting an audio signal in an
efficient manner. 5 SUMVARY [00071 In a first aspect, a method of
adjusting an audio signal for a communication device is provided. The

nmet hod conprises: identifying a characteristic associated with the signal

and identi fyigdQular phdadsi l‘ia)(fe111915&@@@@1%@'pro@éssxﬁﬁ‘@apgglﬁﬁécénﬁrzﬁa%trﬂophavb gﬁﬂ&lzrfty' ng a
first set of 10{@%{ ust ment ararreters for the signal for use when the

qual ity thres¥dt eétoéﬁ‘éléféﬁébf esg fdhiffént i fyi ng a second set of adj ust nent
paraneters f nal for, use when the quality. threshold |s not
exceeded. Fuﬁ[’ 91(%35] S[h"%'feﬁ%a BSHRI e opd El‘éﬂ??‘?:%f adpingAsaHGY Skeptlimar

conpri ses: nmﬂﬁdxmtma@mfror a current setting value for the characteristic;
and detecting whether the current setting value is above or bel ow the
quality tRreshold. If the value is 15 above, then the nethod processes the
si gnal val ue Ag&]/ce a first output signal value wutilizing a digital

- signal processi 18[ ice in the comuni cation device, a processing filter

defined in t gi tal n rocess devi ce s of the first set of
adj ust ment gg"r"g té$§ ﬁ%asrtl%pf %eéjrélfti%og fl g&?% an adip ﬁlén# FFFSOIGUBERER, t hen
t he met hod prdedessemvidee Tisd rgﬂhd)d cpaiplmeest depifpidgl ¢ ehavackeicindsaiitqautithahgnal

value utilizipg. the digital nal i ng 20.device,. the_proce S|ng
filter, val ué g n? d%ntgé g l thg ?SBO g?ﬁzﬁen%‘%?mﬁ%ﬁ”ﬁh‘ﬂf%ﬁf%‘“%ﬁHPS{ WEO si gnal
val ue. [0008[adjlu$tmtet1te)armtetem:!for mhelgciidmram ehérsthé ualiBythieshodd i ekdsaded] el ; the
quality thres eve th|n eratin aranet ers of
t he communi ca z{l%ﬁ/m&%)éconﬁ s‘% °§aéj¥s\{lpf%lp % teﬁefo TR, gop “??p‘ﬁ}re&ghef"éléﬁ nse
(FIR) " filter thresheldfis mcst%xcseededofuxah:qr,uathmnmnmantarmtdeme 25 maloddertgerfir st set
of coefficie : t.he 3 second set
of coeffici egérgprgs% @Jﬁgoﬁ%% % nt Seﬁﬁg(ﬁ@lfje ﬁgarﬁ%?rﬁ Er‘%f’ ﬁge‘?’ingst set may
provi de a setvhethersbefuricsi sstiing valoe adjwr@torbbiewalmhuahtywr@rhald ﬁﬁhc@a’nmiy with an

audi o f Fequetide Qaéﬁtgg&?!lﬁg% %r%ggs?% tllugsdénggm & t a duc eﬁr?t lput s1gna9va ey pass

mask may be a nas
utilizing a dlgltal signal processing device in the commun1cat1on device, a processing filter

defined in the digital signal processing device, values of the first set of adjustment

parameters and the signal value. If the value is below, then the method processes the

signal value to produce a second output signal value utilizing the digital signal processing
20 device, the processing filter, values of the second set of adjustment parameters and the

signal value.

[G008] In the method, the characteristic may be a volume level; the quality threshold

may be a set volume level within operating parameters of the communication device; the

filter may be a finite impulse response (FIR) filter; the first set of adjustment parameters
25  may be a first set of coefficients for the FIR filter; and the second set may be a second set

of coefficients for the FIR filter.

[00909] In the method, the first set may provide a set of coefficients to adjust the audio

signal to comply with an audio frequency pass mask.

[0018] In the method, the audio frequency pass mask may be a mask compliant with
30 GSM standards.



-3- [00111 In the nmethod, the second set may provide a set of coefficients
to adjust the audio signal to roll off |ower frequency conponents in the
audi o signal. [00121 In the nethod, the second set nmay further provide a
set of coefficients to further adjust the audio signal to boost higher
frequency components in the audio signal.3_.5 100131 In a second aspect, a
system for adjusting an audio signal for a communication device is

provi ded. ThCI08YR! EMARITRELSE Fie s30T dhi by b ARGERlor BodiBqUARSE ok dRhange of
volume for the audio S|(g] armuleto receive th I o sighal an

convert the alidiosene}tgn Off@“’éf @?%@W@@p@mﬂisw G g‘PFhfP Slg@T m cropr ocessor a
digital sign essor f processing the digitized audi o signal and
produci ng a 21:08% L'j'fedﬁ?t > Bisarcond pat iy Bygthar ATPYifes set ofroefiisicaisgt t i zed

audi o si gnal ﬁﬂhhradjﬁuftﬂeeamﬁ;o%%alqe bk ﬁ@ﬁ&%@len@rbo%{pg&rn'tst Hme%@iﬁ%{ghﬂg on the
m croprocessor; a nodule to convert the digitiZed audio signal to an anal og

audi o si grfal {ODHmd tIﬁapsEo@)idf ﬁk@e&tj'aesyaﬂawf&&dﬂﬁﬂlg@n&h&@@ign&[%x@a &Hﬁﬂlﬁ%ﬁon_rhe
algorithmis CIa ect when the rg@uest or chan vol une

occurs; ident$® glwmv ef}oE SEB\FEIPHES S n g mo EEP&Eeé’ﬂaquB?ﬁ? éhat“é‘a‘ﬁfest

select a fir %lmtfouhe adiidisiigntmqReamBlalstht aidi ﬁ?na%&di QnSdroMabudlo as a
sel ected set if threshold is exceeded ct a second set of

h
adj ust ment  pé naﬂo? g?g[é{mf:%?ucﬁ%%g 1 &GP GREFO e ‘E%S’géqlé’&céﬁorsf@f if the

vol une thres fp@dodssug tlﬁmilglemdaﬁ&ed;gnal&ﬂﬂi pld@hgdedibing oﬁtﬁut%ﬁén@ﬂﬂﬁ[@:\hﬁﬁ Qg&rh et |
e digita

digital si, gnq,he(pélpze ? if ? current set of par arret ers int

si gnal processor Pé‘rg&ﬂ ASH A SRIAEEIAES: SR FIEOTHBORE 1RE 9HBe syst em

the filter nmycrbmoecsﬁqrm meduiempwbme:rtrt%@gﬂs@ a(xﬁb@gnﬁilt& ﬁ,eﬁnak;gmd,t,lsirgﬁgi 20 set

of adj ust ment, a first set o eff|C|entsfor the FIR

filter; and tﬂ&)% 2%?%%&6 %ngf%c?fl glgﬁigﬂgl t?‘r‘emea‘]ﬁéri i pdpRiedios 4B set  of

coef fi ci ent s when the neubst R)rfchzirtgebf volfBddoilrs] Bertifita SHEV Q@ lie 1RE thingst set  of
coefficients to a‘GlllJSt t he

oo o gnal HARURR, P YooRES LA S R o aS e Ior O DHEREh ' he
system tlhe audsedfcfedequwumamecsnfﬂs ks ex®etdde seciBSdco DD RAfktmwht h 25 GSM
standar ds. | BTk, BULE R RER0Nd, REL ST 0L SElent peragEters
| ower frequensipreotpibnesitcsdisat tb lhe digidi ﬂgnaspxgaakor if (0O&fEknl 3¢ bMRrBHEEeM the
second set O n tﬂghlﬂﬁz}l QE{H}A ppo%r s%or 18 %{fﬁzrenP%an Hle se ectedpstzto vide a

[0014] In the system, the filter may be a finite impulse response (FIR) filter: the first
20 set of adjustment parameters may be a first set of coefficients for the FIR filter; and the

second set of adjustment parameters may be a second set of coefficients for the FIR filter.

[0015] In the system, the first set of adjustment parameters may provide a set of

coefficients to adjust the audio signal to comply with an audio frequency pass mask,

[0016] In the system, the audio frequency pass mask may be a mask compliant with
25  (GSM standards.

[0017] In the system, the second set of adjustment parameters may provide a set of
coefficients to adjust the audio signal to roll off lower frequency components in the audio

signal.

[0018] In the system, the second set of adjustment parameters may further provide a
30 setof coefficients to further adjust the audio signal to boost higher frequency components

in the audio signal.



30 set of coefficients to further adjust the audio signal to boost higher
frequency conponents in the audio signal. -4- [0019] In other aspects,
various conbi nati ons of sets and subsets of the above aspects are

provi ded. BRI EF DESCRI PTI ON OF THE DRAW NGS 5 [ 0020] The foregoing and

ot her aspects of the invention will became nore apparent fromthe
follow ng description of specific enbodi nents thereof and the acconpanyi ng
drawi ngs whi cipoidj! USthlofeLaspBits, WaYoud borERi AIBhEABE ¥nd LB RGN L3, REs T he
invention. In the draw ngs, where |ike elenents feature |like rererence
nuneral s (and W& EFh i ndivi dual el enents bear uni que al phabeti cal
suffixes): 10 [0021] Figure 1 is a block diagramof a comruni cation device
associated wth an enbodinment; [0022] Figure 2 is a schematic di agram of

oper ati onal t OCl ith_the communication device of Fig. 1;
[8023] | Fi gur%@ﬁi@@@q@?ﬁég%ﬁ%wgﬁr ve il : ustlrati ng\“respon_sesg}c or
dovice of i qRN" | GBS TrReelin PR SRR Bt o SR e e "

i |l ustrating fdinsthe fdlioeing deweipson §fapecse] @toatheats ipikof b @t sccofpanytigo signal s
produced by the .co i.gcati on. device of Fig. |; and 20 [Q025] Figure 5 is
a flow chart d(r)af%még?n‘%ﬂf%o@ﬁtﬁfﬁ DR ¢ sFemplp &%lgi thegprgicg’fﬁlogtheﬁé"é’éf‘oﬂyh’t &
operational elarient shot liké demaus BEIANkER(RESERM R O @ HANENBERLAYENT

[ 0026] The desgription which foll nd the enbodi nents descri bed

t herein, aree%%mgg%?Fagﬁu%ép%ﬁ?“3?¥$$¥€ktration of an exanple, or exanpl es,
of parti gyl ar,egpodi f ot rinciples of the present invention
These exanplés gfe pF§9?§83 forngﬁﬁmgﬁp'%gﬁgaé mn%%ﬁt5WaeP8%§mﬁﬁﬁwnot
limtation, of those p¥ithuigitedinend of the invention. In the description,
which follows, like parts are marked throughout the specification and the
drawi ngs wit B0RBk sandigwepect i ve selefatiedegamofepaitional clements associated

with the communication device of Fig. 1;

[0023] Figure 3 is a frequency response curve illustrating responses for
15 selected output levels of audio signals produced by the communication

device of Fig. 1;

[6024] Figure 4 is a harmonic distortion curve illustrating distortion levels
for selected output levels of audio signals produced by the communication

device of Fig. 1; and

20 [0025] Figure § is a flow chart of an algorithm used for adjusting signals

used by the operational elements of Fig. 2.

DETAILED DESCRIPTION OF AN EMBODIMENT

[0626] The description which follows, and the embodiments described therein, are

25  provided by way of illustration of an example, or examples, of particular embodiments of
the principles of the present invention. These examples are provided for the purposes of
explanation, and not limitation, of those principles and of the invention. In the
description, which follows, like parts are marked throughout the specification and the

drawings with the same respective reference numerals.



-5- 10027] Referring to Figure 1, conmunication device 100 is shown. User
of communi cation device 100 can establish a call with another person using
anot her device which can comrunicate with device 100. Device 100 may be a
t el ephone, cordl ess tel ephone, cellular phone, voice-enabl ed personal
digital assistant or any device providing5 electronic voice

communi cations, The other person may be using a device connect ed to a PSTN
network (not mbgmn) . Réﬁaﬁhgtﬁlg&emmnﬁakbm%emlms shgd through a
cel lular network (not shown) associated with device 100 anc? a PSTN net wor k
associ ated  vioPFPUHfEtedrvice 181 cantgalisha calpuitis enethenpereaniaing wedther deties ot her
device nmay bex@ch/QinGBmMRhicate S48 UM e 1H0. b@@@@]oo% ey t&eﬂ)kghgrcgﬂfegs el ement s
of conmuni cation device 100 for its user include: 102, display 104,
speaker 106 dR@PiMerEpHymbonpaicsyehike perps! cg@haéms@st Qilahy deyindipkdvéding gnal s
recei ved fy OrBiécH@m@ﬁz&%cd?ﬁHﬁrﬁ&norM GhoBRANRr st fhaf S&Gél kgf‘éde%lck cé‘&hgétg rE'agna' S
fromthe user as he speaks to the other person.” Speake can be any type
of speaker EK’ES’;SPI?O&{“% Hierih sPomgnigaignpapy be eatabliched Hapwbrer i sti cs
to produce arbemu@lh@wairgn@k shb®rnf QEocHedl with dORe 16PEnad, PTG AP GQBTIMA cat i on
interface, antenna 110 is provided to receive and transmt wreless

signal s for d&iiederens Of ooty raRoRe Aipmghvely, fiegthepdeviagmedyde adeicamiail on
functional aspgehs of elenents in device 100 are provided. Therein,

circuit 200 provides facilities to receive and transmt audio si gnal sto
and from devi Circuit 200, conprises m croprocessor 202, non-volatile
20 menory Zoz{&ﬁgilgl {TRF mEmfpga re@@?ngo hEPEBEPyatiRp deHice 198 6or its 4err inchiderul e
208, antenna k&ﬂ;ﬁd zon @ld;@ra& de< gpkaker(IGOREGhicbRoRNds S sﬁeakarloé%&erahéa(aﬁol

M croprocessor ﬁ‘ % ﬁ%e trol elepent for &rw ce 100. Al gorithm
212 is a pro8FaIHEp Féetc?’ﬁgdall%n EMEpTicEs Mgrontyae 1 ‘F%"d‘qu\‘?léla'ifh?)?‘%‘wsdl ng
control for Hmmythe m@eaatelspéwcs tbfthdamrq)ersanOSpchm|1©l¢d¢arzlg>e@§3l fypCOMpERLs di spl ay
control and Rower nanageng n?{l rrfors_goc%%sor ccess (o, nmenory
204, which i {ULEHPIG" R Y e e T et vty dgysigalgor i t hm
212. In tlhe dorbiodiertlit Fom: eiropssaosmaica?nttSaca, anCARITEICE plobidedivai | abl e

m crocontrol | er cro troJ]ler gvailable from ARM Mbt or ol a
and Intel . er?ﬁ'?’fla%gtﬂawg“é{”ﬂ "rargr%rr Vigevi®ce. Other technol ogi es of non-

vol ati|l e storage devices knovvn in the art can be used. A representative DSP
206 i s [0029] Referring to Fig. 2, further detail on functional aspects of elements in device

100 are provided. Therein, circuit 200 provides facilities to receive and transmit audio
signals to and from device 100. Circuit 200 comprises microprocessor 202, non-volatile

20 memory 204, digital signal processing (DSP) module 206, radio module 208, antenna 110,
coder/decoder (CODEC) 210 and speaker 106.

[0030] Microprocessor 202 is the main control element for device 100. Algorithm 212
is a program operating on microprocessor 202, effectively providing control for many
operations of device 100, including call control, display control and power management.

25  Microprocessor 202 has access to memory 204, which is used to store routines, variables
and data used by algorithm 212. In the embodiment, microprocessor 202 is a
commercially available microcontroller, such as a microcontroller available from ARM,
Motorola and Intel. Memory 204 is a flash memory device. Other technologies of non-
volatile storage devices known in the art can be used. A representative DSP 206 is

30 commercially available from various manufacturers, including Texas Instruments and

Analog Devices. A representative CODEC 210 is commercially available from Texas



30 commercially avail abl e from various manufacturers, including Texas

I nstrunents and Anal og Devices. A representative CODEC 210 is commercially
avai l abl e from Texas -6- Instruments and Anal og Devices. A representative
speaker 106 is comrercially available fromPhilips and Foster. [0031] For
device 100, antenna 110 provides a wirelgss interface to receive and
transmt voice signals encoded in radio frequencies to other devices.

Antenna 110 i§srRuinef @ﬁ@hﬁgoé Qewﬂ&g' Q rgﬁ?gs%tﬁ x%%eak\é\{hfo%*?s CPOWG%&%]?}' Jv%?a%' Ved

wirel ess signals 214 received by antenna 1To"nto el'ectrica
whi ch can t hdfPnbBhiligseiad fgstethe ot her el ements in circuit 200. In
particul ar, nodule 208 converts received wireless signals 214 into digital

data stream(@if] WofBevice 180 SklfchiCi 10BkoiRDE QSR RhicARecaf JB6c Audi 0 si gnal
encoded in wreless  si gnﬁ 214. Simlarly, data representing digitized

audi 0 si gnal SrEHBkECHyeRRIsEntpded indpio Feauehties 1o ethedevieps rAtBASI 04 i s

recei ved By reaghieotedartdhie nBlc L WHEANGEFE ekt PwRbless 8loBAL 5140k wwhgpal for
antenna 110, which then converts the electrical signal to a radio_ signal

and transni t $7iepng I 0¢mg elgetpical pigeply, Whishgrethombe wsedpy ths ether sleraentain csuitcui t s

and routi nes 20kNEWarticla, md@@tzo@éonwaﬁlr@cewegweie%@ %%luilgm é@@é%&mﬂ gi tal
data stream 216 |%&row ded fromradi o nodul e 208 which 15 is

programed t 6"§81 ¢t MYER § shdjsint wereyngtion olie W‘%%gf@i @'ﬁaqieé inyirdeSect a

required acoufghaIQMr&&@i@ﬂﬁ@ia@&@i@@éﬁt! g%gfn%da@a@@kgnmekenfb%hé &BrfQduction on
speaker At t%e hear DSP 2 is filter whi ch provi des an

-al gori t hrt o "BFEELREMErphy 3 j ﬁr]ﬁﬁe%e‘\(eélﬁ’&ﬁadé%mﬂ(étl‘ézogﬂﬂ’)w&weéﬁﬁ? % set

adj ust nent craef:thm Isizhd]Fort dteBBPEIO! Fhioh theh BorvBiHhS eledBcdPiRRH 6Ca AHLRIhaidat a
stream 222. T‘f J§USI nogtgt coeffi m@rllts are pref erably provi ded by data 220
from 20 micr 8}t it to2aig sRadipypAdie 20 copprss piipBalicopsprd BNy t h al | of

the input andnovaoiafiid €1 @midié SO pREdsGing, DSP 206 uses its internal
speci alized DSP circuits to efficiently generate output data stream 222.

[ 00331 Ther efrfo%f ata stream 2 (g Vi ded, t C%C 10, . whi ch
converts A Zlgﬁ%}% (éaga trce)%mté LEPF e ﬁé’f’g‘ﬁgf’ mpdyle zﬁﬁﬁ? efl p}”B’\‘/‘Pdes t he
el ectricab sisgnedrarbioed® sslpeezkbrsh@@@ae dypealdenict Ggnaomeeitis redured kdotdtlc si gnal
224 into audig 9 érﬁg& \rgg (12)‘%‘ ‘{;0034 It will
o]

be appr eci at egpd%ﬁ %}% ther el oaglmr%%{}gr re%rag%)c?%g’%gpggkeélig P hSESYi de

DSP 206 is filter 218, which provides an algorithm to process signal inputs (such as data

216) and apply set adjustment coefficients to aspects of the inputs, to produce output data

stream 222. The adjustment coefticients are preferably provided by data 220 from

20 microprocessor 202 as another set of inputs to DSP 206. With all of the input and
coefficient information, DSP 206 uses its internal specialized DSP circuits to efficiently

generate output data stream 222,

[0033] Thereafter output data stream 222 is provided to CODEC 210, which converts
stream 216 to analog electrical signal 224, and then provides the electrical signal to

25  speaker 106. Speaker 106 converts electrical signal 224 into audio signal 226, which can
be heard by user 228,

[0034] It will be appreciated that other embodiments and processes also will provide
an equivalent result of converting and processing a received radio frequency-based signal

into an audible signal.



an equivalent result of converting and processing a received radio
frequency-based signal into an audible signal. -7- [0035] Further detai
on specific adjustnment coefficients provided by the enbodi nent is now
provided. In the current regulatory environnment, cellular phones and ot her
W rel ess conmmuni cati on devices, such as.-device 100, generally nust neet
m ni mal operating performance specifications relating to the quality of

audi o si gnal sropmducmhbrydetamsm%p&af&eardjuséqéuwaf@%ts%r&%ﬁ'b§ &r&%&fg%ﬁmmncl ude
si gnal frequence’/‘@res&%nse and | oudness rating standards I'n 3,

graph 300 i s BP¢EeEvifedf Indbf eyt readgsen savigrnasnt. @rémlane@nméuothe@@ﬁeﬂse

Syst ens Mobi | @minfodMhtist @ndad, dgh aJH'@:JeQ@@'g‘éﬁer&l'[yergﬁ’s%Hﬁ& Iﬁlﬁ%%p%?auﬁéandar d
mandat es that t measured frequency response a recelved gnal (which

is repr oduced’erf}éﬁ“@ﬁ%ﬁ’ﬁeﬁcaﬂ@%ﬁ refagipg © ty ‘i“ﬁl“ﬁ Ozﬁa‘scb‘e%}gffaﬂsd?f@ﬁhlﬁw t(Yrr‘ééBfi}kefd in

dB) for a 5gi\V®Bh fuicﬁ(ﬂtﬁ%ﬁlﬁVatﬂ’oﬁﬁﬂ@ludé]@gépﬁﬁjugﬁc@q‘!:slp&seEE@IO@M&%&%@ ahda Qi ctates
that for a conmuni cation device operatl ng at the nomnal vol une setting,

t he frequency po signals produced by its speaker must fall
bet ween a fl é"'%i r} Eﬁl g’t g‘é’@? r‘feaare‘ffyveLfBeﬁe?"mlSB?ﬁPl‘d’é"r grapfpdeligetindgine r
boundary SOéﬁloMﬂmﬁrstebﬁ bt YGRAL sthifiafls S MAPREkifd RYUARS Yesh SSPARNRIBJCUT Ve
defining acce unac&g tabl e res se levels for given

t
frequenci es. nﬁgﬁe B%E‘g%%i?ﬁ%rﬁ BIFELY 1570 gr?eé%elrsd 148y ys jeproglyged

measured res pompaekd:reméj fallswialboy epddmaeﬂiaslbgmeﬁédlmiiﬁﬁ forta@%n tRguenBasHgeed
oundary 304 is a shaped

{r equency O SERELPREGMGBP AR His S e ot oem MR LB SogTeans Edonse

| evel s for ginvemal ‘Fcrhenmermugetﬁe frEq)rendyma@ronsbmﬂmtﬂds yigeprodikedbydits\wpeukér equency

if the neasurg n bel.ow | ower bounda en the

nmeasured res pglntsfrg 8% én ‘jr]1 aYm te&rpf%m (geflf‘%by YRS Dogndasy é‘§8 ‘%ﬁéﬁwﬁm. s

known as the B%dépppebdumdmé%lslaamamg ﬁ(:ﬁlel?&y reﬁmeﬁsl duh@alefiping depedRdinddi ct at es
ne setting, the

t hat for t| on nom nal vol
RLR nust begvg\%zt% %’ta% 4 der a?vr??sffgrréeen g?ré'tpp?fr?ob‘rdﬁ ﬁa’ﬁég Ef6f RLR are
known i n 1f he fraquency if 0@3ﬁe]asﬁ¢ce(qwen@ye¢eespbm&&pﬁ¢rwe:&iaﬁ,0@2 Bobthandasdkd are
exenplary re ener 6. .Ea g curve represents
speaker 106 g&gﬁ&%g? il \%] ent at C(aitrlloen I é‘%}@frfg’z E)WB’GB %ﬁWﬁ ’dlafs?aé’lﬁ‘eﬁ?q”f”?‘lyt er
par anet ers beqsprgiseppvq ddintngerepablbynd iaeptaBlGepanbe dvgefirtgheh 212, 10038]
Frequency _r eﬁ@%ﬁﬁes(? %}/%w%tllgoulnéar%/ 964, ae? g?r%et:r{ q]:.x{me 9”395 Xxez{sgrsé 9{:@3&138 Ievapeaker
1s below lower boundary 304, then the measured response fails the specification. The
20 loudness standard is known as the Receive Loudness Rating (RLR). Specifically, the RLR

dictates that for a communication device operating at a nominal volume setting, the RLR

must be within a certain range. The calculation procedures for RLR are known in the art.

[06037] Frequency response curves 306, 308 and 310 are exemplary responses
generated by speaker 106. Each curve represents speaker 106 being driven at one level

25 but having different filter parameters being applied thereto by filter 218 and algorithm
212.

[0038] Frequency response curve 310 is the acoustic frequency response of speaker
106 with no filtering (i.e., with a flat filter response). Since the region of curve 310 about
650 Hz is not compliant with the frequency response mask specification, its audio drive

30 signal requires equalization or shaping to make it compliant.



106 with no filtering (i.e., with a flat filter response). Since the region
of curve 310 about 650 Hz is not conpliant with the frequency response
mask specification, its audio drive 30 signal requires equalization or
shaping to make it conpliant. -8- [00391 Frequency response curve 306 is
the acoustic frequency response of speakgr 106 with filter paraneters
applied for the nom nal volune setting to provide conpliance wth the

frequency reqpepe MEKeRPACHbICaILOTs BheaBfRic £UWEy HBols FQURL] ant Wi th

t he frequenCé response nmask specification throughout enti requency
range. 5 [ 00404 “ithddicatremetasinghetkios the nemebyolume seina trorstifleconmbignerency

response of sh@akefequdQ rld g!Sns@rrmq'sHc Jp%&ﬁ&ﬁloﬁ eks %fen ChJ’VtC%E)?IR% H@nﬂvﬁh mene

regi on of curve 308 about IS not requency
response nasKCPRBEY FepROAtS Bk swrﬁﬁenevs@grmwsnstemate fgeaikprangd 06 has Iower
output levels at the Iower frequencies conpared to curve 306. This is due

to different [@Rapi nFrafedcheespords eured gal me B@Ju%tf?erqhé{cy Gesf?énsé bepeikkf er ent
set of filte Curve 308 has hjigher output |evelS than curve

306 in the f18GTeRAyTFBYTN TABBYETABOUT SPEORE! Uyt RaRo SH1 Bals et put

val ues for tbahplspeaiteme |ft6r\ﬁ.%n£}&@§bob%§sﬁ@pécﬂicatﬁﬁ”@ﬁﬂ§@b§SIIOWS R §pehi@pS I N
| oudness ass?§i€ Zd with the | ow frequency of the output |evel of
curve 308 rel atfe*td OEtBPR}%V%the'}%‘Y‘g f’i?&??ﬁ%‘ﬁ%‘é’mpé‘ﬁd %%W‘-’e@ﬁt Ahe isde user

experi ences tddiffexpebid ThangeioisknhiQUsaasssyic 85heairerni fesk diy, t he Receive
Loudness 5 Rati g (E@n) %ﬁg E%Qe volume setting is switch fromone vol une
level to'ft sp%rafra EMTACE U Vel e £ 246 ipredirgrary regioa

swi t ched. 10&6bid atRei QI(]’HI:{]gn&IQt Falggm éhtpd‘t Q5lud 8 (HRRPARGIKES belh OSHIRHRY a

signal at a given Iatgdl@ssue to frequenc%ﬁresponse IS

the anount o 0“31‘*&%%%@ ¥R 106? @s‘%‘fﬁ“eﬁsﬁsﬂ"ﬁ‘éte fs low Esmesngy 1oY-otipidhe o a

speaker's |nhﬂmﬂmhenﬁenaeBom&hnehwhﬁﬁk@DBSTMQ&nn ﬁwh&@m%@kyﬂﬁt@éu%Q a
si gnal reproduce i.ncrea istortion in the audio

si gnal incre4d® Snencesl_ h?ﬁxtpg‘ft?cg “5enm ? 8“?&@5&‘@?’“1“??8% e Rgvepetdaessng
frequencys r aRgengdRUR P oxvedi thi abithie BEting BRANEH frdrh 8o volrheBvel ks Qja0¢en
speaker haV|q9 iven,f enc eratin range signals in the | ower

f r equenci es ar%n%EE?SP?gﬁmﬁﬁFﬁP%mB%@EF@sﬁ%§§ics relating to transducers.

However, a speaker may al so have sensitive elenents for creating signals
havi ng hi ghell098 f r Referming toedSig. %ﬁn@rgdﬁengpqakeripfodbheg sagsdlhi argv@;l wil s are

damaged by hl'e‘gil? a%ﬁ%@uest'o g:%gﬁe A re hoirgrblls nﬁi a?‘rio f glle{omon presenth the

frequenci es becons a1 Stort
signal. Generally, due to a speaker s inherent operat:onal characteristics, as the volume of

20 asignal reproduced on the speaker is increased, distortion in the audio signal increases.
Limitations in the speaker include its operating frequency range and power handling
capabilities. Often, for a given speaker having a given frequency operating range, signals
in the lower frequencies are distorted first, due to physics relating to transducers.
However, a speaker may also have sensitive elements for creating signals having higher

25 frequencies. Accordingly, if the sensitive elements are damaged by high voltage signals,
then the signals in the higher frequencies become distorted. Graph 400 shows total
harmonic distortion (as 2 percentage) on the y-axis measured against a frequency range (in

1{z) on the x-axis.

[6042] Curve 402 shows a representative curve of total harmonic distortion of a
30 speaker driven at its nominal operating level. At its nominal operating level, it may have a

frequency response as represented by curve 306 (Fig. 3).



harmoni ¢ distortion (as a percentage) on the y-axis nmeasured agai nst a
frequency range (in Hz) on the x-axis. [00421 Curve 402 shows a
representative curve of total harnonic distortion of a 30 speaker driven at
its nom nal operating level. At its nom nal operating level, it nmay have a
frequency response as represented by curve 306 (Fig. 3). -9- [00431 Wen
the speaker is driven at a higher |oudness level, which is outside its

nom nal oper %b&gl gfﬂgg&’ th@: E]ﬁe t%i?lg!expat a(?l qllersi%ﬁ) ntesstlpv%! rg%%?sgé"u Ségeffl gnal S-

Representative rtion 1 evel’s are <h ncurve” in curve
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t he dlstortlon ant ageous to rol
t he signal. [@O@Aquneqn@nt)rquﬂahmythdbugherrfreqmby&ngs Lﬂemdnﬂmglyeﬁl ordied tcor der to

control the dj i e ectiv nes the current

vol ume Ievelqgﬁggﬁghgﬁ%ﬁﬂhgﬁgﬁgq %8?&5”3'%%?%ﬁﬁ%@d&6ﬁ§%ﬁégﬁgk‘%H%mﬁﬁlg 2),
and if the vohtiwsighdvel exceeds a certain threshold, 10 then certain
aspects of the audio signal are attenuated to reduce the distortion. If the

vol une | evel [hg4f edlﬂ_ﬁﬁ% ﬁteﬁl;éﬁgy Q%J:Qﬁlaﬁﬂrﬁ&m«q?es ﬁm%ﬁ:@r {oh‘s %ltthen&i'&%—[e?n is

r enoved. Nbre speci fi cal vel "&r mi ned
threshol d, dd¥ E@odimnt feriewely axamines Wp@@é@taolhmgh!v’tpjaéélefaudloellgnedlbemg\e audi o

si gnal , ther“%‘&‘x‘ocﬁ%éd@iﬁ%@&dk@x@i%?l“@@) e e

attenuating signals in frequencres past the cut e shape and
cut-of f PO nfheBreramashegtrisheapdiisianalarneijeninsedro didiigetie pistorti ffahent

performance ke 1RIBNESuce o 9&1&1@ Eheqmé?ﬂld”%@xﬁ ﬁ]le A QVERATS refdobd £ MoreNOL C h

filters, band- pass filters, other types 0 ters or any conbination of
filters may BREcHicay: W[“E‘IO@SIOIFU@F leyelgroess spedasirmjyed thoesheldcdeviced®d r ement s,

paraneters Wﬁécub&y ﬂﬁﬁc@&' d 1890kt BlrerDRlnVIER s?gn§' @1@:‘%){ étﬁmﬁ’&%? iaged and by

how nuch. Chﬁ_net od identifying the 2 characterlstlcs S to neasure
the performa 8@‘38?‘3%%8 agﬁi%%fﬁb@rﬁéaﬂ 8¢t aﬂ@@am&ﬁegnaaum frequienmges pobtghradut pEvel s, by
nMeasuri ngsi t barldr U ALY arldRBPORHEinBSFInhist Ss hﬁ’é? nﬁP%E %Hﬁfe!i 5&1‘ a(fﬁ’eren he

nmeasurenents are anal yzed to identify volune | eve may
excessi ve dP?ﬁ%WPPSﬁméﬁﬁ“?W%I&Q%@%@ﬁ%@Hmmﬁebﬂﬁm@WﬁW%%p@ﬂ@ﬁ%ﬂstﬁ@?eafter a

cut-of f vol umashﬁ&elotuesm@ﬁdf@ﬁdel%@raWt%ﬂquaﬁoﬁf&*th%}%rﬁa%%'usé?if speaker 106
exceeds the cut-off volune, then signals

[0045] For a given set of performance requirements, parameters must be established to
set when a signal is attenuated and by how much. One method of identifying the

20 characteristics is to measure the performance of the given speaker 106 under differing
signal levels, by measuring its frequency response and distortion characteristics. The
measurements are analyzed to identify volume levels which may produce excessive
distortion and the associated frequency responses. Thereafter a cut-off volume level is
selected. When the volume level of speaker 106 exceeds the cut-off volume, then signals

25 are attenuated at certain frequencies. The identification of which frequencies require
attenuation and what the attenuation amount should be is also determined by analyzing the

measurements.

[GO46] As an example, for speaker 106 operating at a given volume level, its
frequency response is provided in graph 306 (Fig. 3) and its distortion level is provided in
30 curve 404 (Fig. 4). To adjust the distortion characteristics of the audio signals generated

at that given volume level, adjustments are made to the filter parameters to roli-off lower



25 are attenuated at certain frequencies. The identification of which
frequencies require attenuation and what the attenuation anpunt shoul d be
is also determ ned by analyzing the neasurenents. [00461 As an exanpl e,
for speaker 106 operating at a given volune level, its frequency response
is provided in graph 306 (Fig. 3) and itgydistortion level is provided in
30 curve 404 (Fig. 4). To adjust the distortion characteristics of the

audi o si gnal Sfr&%%fcﬁtt@ﬂ'o@tfce%mrs 364, W&ex\ﬂ%;‘&gﬁoz% ﬁ“a\églreiat%ﬁa{t p‘gg % Qe made to

the filter paraneters to roll-off’ roduce curve
308, wher ei n WarkouBh® H3sng lgwer heunded j04. I@trvvabcsfeilwt&kie lowpperundiyndar y

302 and |0mr30b%fh@%vx)ér§@cﬂxen&%‘s" M&v&@ﬁ rﬁ%gegalglag‘%waﬁ qgs%dt iy poundary 304

in the | ower frequencies; however acceptable result. It
will be appﬁ@éﬁ@ﬁ@@ﬂﬁwﬁﬂoﬂwsPﬁﬁﬁwbwceﬁ@§ﬂ@ﬁéwwvﬁmudmm@u®OSSQSM$mmer t han
di stortiors ofeyslegn@l s in 5 curve 310. [0047) Wile frequency domain

anal ysi s techni ques are useful for identifying perfornance

characteristi ti domai n techni ques nmay be used to inplenent a signal
shapi ng al gor[ﬁf‘ﬁ g? Uwgms ApRJain qnalysis teg U%f@ﬁeaﬁqﬂfuéqu%éﬂfuglé of DSP

t echni ques tCperfbd?ﬂlh@fﬁhﬁﬂactbﬁ@xc@ﬂﬁﬁ'dﬂﬁaﬁh@h%ﬁﬁé%rda%tbb(ﬁ?ed tpﬁﬁ]ﬁ&rhéumg@aﬁd' ng a
digital inple 10 signal shaping is now provided. [00481

E?ent aa;g of the
Returning to -t ¥R12) glpping 1ythp yape dompip aftossruspgPDIR Bekimaice 9l cul at es

att enuation \ﬁabﬂdmsm(xtb Ehap g )chAr@dterStie) abebails @3 hrdlrd REBKE 1M aribRbr fid | ter
218, its freque %ﬁ resgovfse |n the frequency domain is governed by val ues

of coeffi'di eRtB8 SPRAEIRECY BrOVHEd taps, as filter 218 processes data in the
time domain. In programmng these tap values, 15 typically floating point
nunbers may B#48ked Retoviey@rFig. dsfilfdr 21 £is aBif: bisck dfmmntaemcdmzatésar dwar e,

binary. 1 or marail hBEaEFERE et nh SuBaB S el et i tialinet | omed 't o
ef fect prope resmmpinehtefntcatmogrdommnf:s gdxefne&&ﬁvahﬁe@@ﬂ&)efﬂd’bnw}ﬁm&dﬁd%lltm nt, a
Finite I nmpul R FIR is used for filter 20 218 A FIR

| s B ARARTE pLobbh alsh e ok e 1 e AL R At e ar ¢

filter has an ser sponse Of
the FIRIfil t}@rcailnsé@anag saini resntefs mans useelp Hesendr] dilsansl :e&nﬁi@k@l&daﬁ

different ti Hﬁ 50%%%/ (?(Je meIF}aatnd ﬁlarr@[ teigqétg %tg_Er'\el::fre%er:nthl as d1g1ta? Itan;?lrlljgna{‘ys 8 khz,

provi ding a peri L on of
format. The operating guidelines of DSP 206 need to be followed to effect proper

implementation of filter 218,

{0049} In the embodiment, a Finite Impulse Response (FIR) filter is used for filter
20 218. A FIR filter has an imnulse response of finite duration. As is known in the art, the
FIR filter uses a series of taps representing samples taken at different time intervals. The
sampling rate for the embodiment is 8 kHz, providing a period of calculation of 125 us.
This sampling rate is reasonable as the audio signals related to device 100 are in the
telephone bandwidth of 0 to 3,400 Hz. In the embodiment, the FIR response uses 32
25  points. The mathematical structure of the FIR filter is the following difference equation:
N-1
y(m)=73 [h{i)Xx(n-1i)] Equation (1)
1=0
Where x(1) is the input, y(n) is the output, h(i) is the unit sample response of the filter and
30 Nis the number of taps of the filter.



This sanpling rate is reasonable as the audio signals related to device 100
are in the telephone bandwidth of 0 to 3,400 Hz. In the enbodi nent, the
FIR response uses 32 25 points. The mathematical structure of the FIR
filter is the following difference equation: N1 y(n) _ Z[h (i) X x(n -
i)] Equation (1) i=0 Wiere x(i) is the.input, y(n) is the output, h(i) is
the unit sanple response of the filter and 30 Nis the nunber of taps of

the filter. -{nasol(omtemlneme%éma@m&m&fe@@ﬁfﬁw Q981 FRGm i EniflR nfal ! ter,
several kno t echni noted above, one technlque IS to

u ed
conduct freqlEHEsH ﬁﬁgQEQéW§%U§W§WquH%¥é%%mﬁ%*E“ﬁﬁvéﬁm@ﬁﬂmﬁﬂﬁsW@equency and

shapi ng cur veleteBHins 8 gventlipsr tdiferty BALERGY: CLQ&HT%BSehJ;e‘nay NBd HQRedggar di ng
the shaping curve may be converted to a set of coefficients 5 inthe tine

domai n, usi ndORAGIROTRAURR FEaEEsteatipniye @y Mapiesonyersd et pcoefdsisithg
si mul at | O3 SGi tHednR doh@ﬂ%&]nglkﬂo&rﬂﬁzcmﬁgkﬁwavaﬂ-a%m if st@nél'p%c%sstn\é‘o sets of

coefficients defined for device 100. The values in Tablé A are stored in
non-vol atile ﬁ@ﬂ%?@ "and accessed by algorithm212. Set 1 provides a
set of coefficients which equalizes the acoustic response 10 so that it
conpl i es wi t {0SkhE GﬁMhHﬂSﬁhodlﬂnﬁth—mt&aA lighwd B8 of bapioigtsveiihell BoMREt a

response fou to a re ponse found in curve 306. Set
2 provides aqg@ s of {“8%%11‘311-}’815 Ae?f? §t°Wﬁ LR gt ’B‘f‘”f‘orly 3&%?‘“%’?8‘33’3% ies to
control dist ca}gbnthm2IErSemp)@r@ideomsetbh@effﬁ:tbmm@ch\mwlﬂeﬂwy@muc&w@y@e310 to

curve 30 nhance e ain et ween the tmo sets is
-adjusted%go t%a?“ tHpAg aﬁﬁhl6%$§HE%?#BHW%%5m1%%§FP?% Wopg cqayEdent 15 | evel
still provi decspcmsef@adrm awharige (Hig 3) maﬁ)ﬁselfeﬁ/rellmhlna& 3mme;eus§:rovﬁxspaect s (for

gxgggl gh ga g’etgpco%%'?&?s)wmchp%%hs of% lowepfrequencxes§o ;:c.mtrot d:stomon ?n Operanon 2h 4 -219

shaping would convert curve 310 to curve 308. As an enhancement, the overall gain
between the two sets is adjusted so that a change in volume from one level to its adjacent

15 level still provides the same change in loudness level that the user expects (for example, a
3 dB change).

TABLE A
Tap . - too o Setd i Set2 o i
0 .1.39 — 302. .
| -214 -219
2 221 349
3 -460 -394
4 I53 164
5 -494 -431
6 =730 -964
7 10 -164
8 -1143 -1700
9 1666 1040
10 1356 541
11 919 -481
12 611 -836




3 -460 -394 4 153 164 5 -494 -431 6 -730 -964 7 10 -164 8 -1145 -1700
9 1666 1040 10 1356 541 11 919 -481 12 611 -836 -12- Tap Set 1 Sett 13
455 -1603 14 1047 -875 15 -1882 -4470 16 28803 28803 17 -1882 -4470 18
1047 -875 19 455 -1603 20 611 -836 21 919 -481 22 1356 541 23 1666
1040 24 -1145 -1700 25 10 -164 26 -739,-964 27 -494 -431 28 153 164
29 -460 -394 30 221 349

Tap o S Set S T Set
3 ' ass 1603
12 1047 375
15 J1882 470
16 28303 28803
17 T1882 4470
I8 1047 875
19 455 21603
20 611 1836
3 919 481
33 1356 541
3 1666 1040
24 1145 1700
25 10 “164
76 2730 964
27 494 431
28 153 164
29 7460 394
30 21 349
31 214 219

[0652] Referring to Fig. 5, when operating device 100, a user-selectable volume
conirol is typically provided to ensure the loudness rating can be adjusted to account for
the level of the incoming audio signal and the hearing capabilities of the user. This
5 volume control is typically implemented in uniform steps; steps of 3 dB per change are

common. Algorithm 212 controls operation of tonal adjustments made to a signal in view
of a particular volume setting. First, at step 500, the audio output device is selected. At
step 502, algorithm 212 determines the current volume setting for device 100 and
compares it with a threshold. If the volume is below the threshold, algorithm 212 selects

10 Set I, per step 504. DSP 206 coordinates acceptance of the tap values and the incoming
data values in data stream 218. However, per step 506, if algorithm 212 detects that the
volume level exceeds the threshold, then Set 2 is selected. After either step 504 or 506,

algorithm 212 goes to step 508 and checks whether the currently loaded Set of coefficients



31 -214 -219 [0052[ Referring to Fig. 5, when operating device 100, a
user-sel ectable volunme control is typically provided to ensure the

| oudness rating can be adjusted to account for the |level of the incom ng
audi o signal and the hearing capabilities of the user. This 5 vol une
control is typically inplenmented in unif@§m steps; steps of 3 dB per change
are common. Algorithm 212 controls operation of tonal adjustnents nade to

a signal in vi@Werf than PREELGAH RE. N%%ﬂﬁeﬁgﬁ&dd@@s éél?f{erentatth r‘?égaoS Q0. the
audi o output device is selected. At ste (gorlt m 212 ci termnes the

current vol un%‘e%?dtﬁnﬁgwrsekecfafé%qt&%*himtéﬁa?-) ig tpira P @ Bom maijorhang pravided kol d. | f
the vol ume lSDﬂetG%\NI%Q:%aﬁé?rtﬁcS&Ql-@mg@)I./cgé%rfbttﬂ)‘@ ?ok?geﬁ@rbt@&ﬁméad} %éed,tudl% per step

504. DSP 206 coordinates acceptance of the tap val ues and the I ncom ng
data val ues i¥eatmdigtd &qm) 2 Tigreafienaisiar S1paievise &9 wE6 fori F chasagdn valking 212

detects timt phg. U&hﬁ@i@ctloﬁ\é%c%&@@%%n&ﬂ@lb'?&@x%@@s‘i’ef fohen wighe 2 1S

selected. After either step 5 orithm?2 goes to step 508 and
checks whet hePPrepiated fiat eash Hipe p salymg ool @fsei@@ed by Tisenfos deu@-wpgh@ ff er ent

than the sel aghe S84 is ukdd b R8SHAL SREL &M@é&%mﬁ&kfﬁc’%@n@ frJ L%@?Pomdw%“ step

510 is executed and t he sel ected Set (either etrieved from
memory and priovfi Hed [t e epbplings, a hepesttingof ¢ ’h@n @Qéﬂé?fihﬂtjh@yé veymé or DSP

206 gener at eseilgody %Séeﬁge@ddeﬂmdﬁéngrb%h &épr])rg\h@ésta%ldg &ﬁme stélag')efeeaf ter, at
step 512, device 100 waits for a change in vol une | evel's. Upon detectlon

of a chande, saFgetasibmiriesaold eqinr Qsher smBedigpempmay pse c\mer Volpwe stgpsgreci at ed

t hat each ti ﬁﬂd;ﬂoﬁé@bdﬁ'@"c@&‘ﬂ&éﬂ& for iREhECHEHe RYe1d @&@ferxﬁ&ﬁlﬁ%iﬁ'ﬂ%@ w300, the
volume level is used to determ ne which download filter coefficients are to

be provi ded t"B“a“BétﬁfQWJBﬂO‘fVﬁfE’I??éa“@ﬁwdnlﬁétﬂtachtfvmélsxgﬁ@ shaping figmdfe T, (in a

0-10 scal e Wagbatheh MM dUbBve. SRhdricABo@ems nla$ udlehdReds 86.0RARIAR! and each
step provides a 3 dB volune steps), is 10 selected as the threshold point.

O her enbodi e ot her | u st e ddi tional sets of

coef fici ent sr@%?]s din?%/mﬂz’ﬁtap’?}%‘i ﬁ%tg?tégeg‘f%b(’d%‘%é?mé ‘ng‘ﬂ‘@ P@simaEe

vari ati ol§ oshaphe rbdtowfofpoepedatdisangd siwhilk. Ok drhboafktin@M\hdy0:s6 bgaaligighapi ng,
fromthe algﬂrlth%not use .nre sets of

coefficients. [0053]% atneinﬁql??%Eulﬁe%?gﬁsﬁﬁgﬁ%%lﬁétww%e@r%]ﬂ%"&lIﬁﬁ’ﬁla“pr ovi des an

effective and sinple 15 shaping routine for potentially distorted signals.
Q her enbodi H¥fls méytheusd thyt dwehodidiegt pravidesfddjusnens fosdxstlortam cartrdl,fttieni t e

| mpul se ReSpgrﬂﬁc?d tclérlt@na bé &s@cﬁ to a\ﬁﬁlls{:f%r &h& ‘slétrtllg\gl\:f‘.'1 §unh tlﬁer settmgs include,

without limitation: a signal boost for selected signals; volume adjustment; gain
20 adjustment; a programmable gain amplifier (PGA) steps adjustment; side tone frequency
adjustment; switching adjustments; specific frequency suppression adjustment; and

adjustment for specific microphone parameters.

[0055] The above embodiment is useful for tuning speaker performance in production
models of device 100. During production runs of device 100, different types of speakers
25 106 may be used in different manufacturing batches. Accordingly, for a given model of
speaker 106, the above method may be used to determine one set of performance
characteristics and a set of signal shaping parameters are provided for that model. When
device 100 is built using that given model, the parameters for that model are used to
attenuate the volume signals. However, when a second speaker model is used, then the

30 method is used to determine its set of performance characteristics and signal shaping



[ 0054] Al though the enbodi ment provides adjustnent for distortion control,
ot her enbodi nents nmay be used to adjust for other settings. Such other
settings include, wthout limtation: a signal boost for selected signals;
vol une adjustnment; gain 20 adjustnent; a programmbl e gain anmplifier (P&
steps adjustnent; side tone frequency agjustnment; sw tching adjustnents;
specific frequency suppression adjustment; and adjustment for specific

m crophone paf.edih@s Sacch Eﬁ%n@@)’s@n&@&%%@ Lre! p?ov%b@ﬁftdj(llev QMg uni ng

speaker performance in prodiuction nodels of device 10 ring production
runs of devi CEeRORR! SYPRG WeRKSE ISti§9des of speakers 25 106 may be used in
di fferent manufacturing batches, Accordingly, for a given nodel of speaker

106, the aboveosspt hosk a@yerbaeemm mo&%gwlmdmﬁe%a&eﬁenm‘c aPREHRH VRRGS
characteri st| c and éite&@%:s shapi ng paraneters are provided for

t hat nodel . 7 siggahAn ﬂlﬁff foresiddl FRy Rardtragpslin AdgEmeny he

paraneters f (;Jrarah{&&trs dfﬂﬁ@k’or@{eﬁhgﬁ&l@d\\l}l@n m@tchﬁmisﬁc sReccu@laume pspanal s.
eaker is used, then the 30 method is used to

However, when a

det er mi ne i té”%"é q‘p”eﬁ" Qfﬁ’ﬁréﬂ’é'érséﬁéﬁdﬁiet‘&? pratanted fagk asspgafad wihgsisiggel- 14
par anet ers. @@p@ﬁ@herag lajustedd §ifRr RAdre e jubsidiBNaci1BAE RERLES SyvRnghr ovi ded to
devi ce 100 en that . second speaker is used. 100561 At a general |evel,

the enbodi meft2PHEHREF 5 "é’%e"ée"(‘,iﬁ%uﬂé?c?%?r‘i5§fq"@eé§’§8éi“élﬁfééet\ﬁf pHamgiers #flifho si gnal

and identifi esyaoouabisinly bRwis BObepdtQlgniIRiGNRERGS Scbt k& theARMSkaENt 5
par amet er@ are set for the signals. Wien the characteristic is exceeded,

the DSP i E?‘Cfﬁﬂ ded with a set of paraneters to reduce the unwanted factor
associ at ed vvlth the signal to produce an adjusted signal where the
unwant ed faci®s7]l s |Adssmmesheciifmelt the embhitimas henitst fe aichangotn £xtesded, t he

DSP i's provi geg, f‘é‘f&@orﬁﬂ\%%ﬁ eQ/Eceng voqlumt%vﬁtlvglowz{?{gg ot P%CE@ﬁari Ly

provi de an out put signa t0 accou factor.
[ 00571 At a ﬁmné)sfgi’@éua‘mgwﬂ@\mma tehef confifioeninerndhapeani ;tudr@sxgnartoaomfhﬂmge ina

volurme | eveg,tjl% e ni.catd devi ¢ | f the volu e beI ow a
predet ermi ned t hr e‘?th i g 1 (l[th% rﬁ)%l‘-" S%%asletge A lﬂggate%”tq?g ﬁg&he ‘?1
coef fici éht slevel %h@peth'@ Heesholdi tbersﬂlgnaiayﬁaods@anmheWghh an saditdihe Idfweequency
pass mask, sug %i%n%l sK d hgﬂtﬁ LAt ol u 5.l evel
exceeds the th ol d, S{I‘Een S{E ere ma dechc}ncf S ﬁa?%léoﬁ] P redPﬁe tﬁ%?@‘ﬁ?ﬂ’%’ %s such,
t he | ower the lower frequency signals. This has the effect of lessening any distortion in the signal.

However, the rolled-off signal has less loudness associated with it. As such, the signal is

boosted in its higher frequencies in a preset fashion to compensate for the removed energy

20 from the signal. The resulting rolled-off and boosted signal provides a signal which

mimics a step-wise increase in volume (e.g. 2 3dB increase in loudness).

[0058] It will be appreciated that in another embodiment, signals may be step-wise
attenuated as volume levels are decreased with an appropriate modification to the signals

to ensure compliance with a mask.

25 [0059] Although the invention has been described with reference to certain specific
embodiments, various modifications thereof will be apparent to those skilled in the art
without departing from the scope of the invention as outlined in the claims appended

hereto.



frequency signals in the signal are rolled-off in a preset fashion to
reduce the anplitude of the |Iower frequency signals. This has the effect
of | essening any distortion in the signal. However, the rolled-off signal
has | ess | oudness associated with it. As such, the signal is boosted in
its higher frequencies in a preset fashion to conpensate for the renoved
energy 20 fromthe signal. The resultingsolled-off and boosted signal
provides a signal which mnics a step-wse increase in volunme (e.g. a 3dB
i ncrease in kﬁudness) [00581 It will be appreciated that in another

enbodi nent , S|ﬁ M s may be step-wi se attenuated as volune |levels are

decr eased mnth an appropriate nDdlflcation to the signals to ensure

\(/:\no'[rﬁl : 2‘?g$ewcéh t gAggc?t{%glog’?cléuSQ&g ?1} 01';At‘§|nhh mn%f 4 Q%lﬁ{?&tucahm% dllcfc t) :jgf](s:r I bed
t her eof mnllsmenﬁmmab@mmmhg:thﬂmmn@%nh%@dnhﬂdt@ﬁmﬁﬁ&momﬂ&hmuﬁ departlng
fromthe scope of the invention as outlined in the clains appended hereto.
15 dains: 1. A dsimtihiﬁgla afgitaed tigial (7 6 et aGiinpIUL | Bueticved aigmdldedie, gaid
conmuni cat i on_devj ce 3 sai.d nmethod conprising performng the steps in
sai d comuni E&tY8 ﬂﬁﬁ'?gglﬂﬁa“a%nﬂﬁﬁnﬁ 'ng a digitized signal (216) of a

signal (214) recenv@@riag feairchue®vd @eeass dicthrent ©618Y edinfi 1gBRIncRAGAdI ng an
audi o si gnal noni torj ng for a request to increase a current volune setti ng

to an |ncrea§@&“°¥8ﬁd%§ﬂQ£ﬂﬂmF%ﬁo%&Pﬂ28@&&%% audi o signal (226); and
generating an adj gb'ﬁ&@%g\/a%raﬁju@t@d (rc%%gﬂ (ﬂﬁ) Srahd afbi@eh 's%ﬁ‘zg (§1'6?f66}b1pfc§1%@ to

i npl ement  said increased volune level utilizing si gnal processor
(DSP) (206) ; sad pesesd gplhge Eer\fplltttrélzm(;zllaz}taMWahe@lceﬁwrﬁé (298R;2 pagrgsséwi d

digitized S|QR&éznggghgﬁhpgﬂ%@§;q %p AGLEl gp in that it conprises the

steps of: upon rnlnln rease volume level is within a
pr edet er m ned quh¢m@WOdhna§ﬁmhmwng@neﬂatnngmamcampusmﬂm verS|on of said
digitized signal ement ut|I|2|ng a

U )%n Idc rRitl d’;a canx AT q 1Sy ied FIpREC
predet ermined fir'st of g Atp aW%? &1's n%rP HE Y er
coef fi ci ent sqdadity tB@ktch cD@&epmmg as sci;ngcdfxlclsﬁ(ﬁlrof(sﬂd.al)gii&bdbmgtdd tonnplemenoni (1 204)
of said communi cat i on ?V|ce 00);

increased volume Tevel ufil umg a’predetermined first set of adjustment parameters
comprising filter coefficients for said DSP processing filter (218) stored in a memory
(204) of said communication device (100);

upon determining that said increased volume level would cause said output audio
signal fo exceed said predetermined quality threshold, generating an adjusted version of
said digitized signal to have an acceptable characteristic for said quality threshold while
implementing said increased volume level utilizing a predetermined second set of
adjustment parameters comprising filter coeflicients for said DSP processing [ilier (218)
stored in said memory (204) of said communication device (100) that provides different
output levels for said output audio signal at different frequencies as compared to said first
set of adjustment parameters;

converting said adjusted version of said signal (o an adjusted analog audio signal;

and

providing said adjusted analog audio signal fo a speaker in said device.



upon determning that. said increased volune | evel would cause said output
audio signal to exceed said predetermned quality threshold, generating an
adj usted version of said digitized signal to have an acceptabl e
characteristic for said quality threshold while inplenenting said

i ncreased volune level utilizing a predeterm ned second set of adjustnent
paraneters conprising fitter coefficients for said DSP processing filter
(218) stored in said nmenory (204) of salid comrunication device (100) that
provi des different output |evels for said output audio signal at different
frequencies as conpared to said first set of adjustnent paraneters;
converting sa&i d afhustied assetmsnahnefairsd) dhest¢ignal to an adj usted anal og audi o
signal; and providing said adjusted anal og audio signal to a speaker in
sai d device. 16 &idFheyrectodl iasn chpei bedddrn (3OR R nm hudivfrequeney passamekkqual ity
threshold is ﬂg ﬁp,er boundary (302) of an audio frequency pass mask (302,
304); said aé ptabl e characteristic is a frequency response (308) within

an acceptabl e boshl‘tdﬁbc)pta(bic chatatteddtdiiOn frERAUSNEYORATHEIMEKn af@tddphbibter is a
finite inpulse resp filter (218); said first set of adjustnent

parameters i Oua“df‘fyr t*'“gé‘{dl%moé‘ﬁ’&‘yfﬁa%ﬁ%{‘s for said FIR filter; and said

second set of adjy@dmmﬁhuﬂaﬁ@mgﬁgggcﬁgn@ gg@gng(§§g of coefficients for
said FIRfilter. 3. The nmethod as clained in claim2, wherein said second

set of adj ust ment saihEFaREt adssiprepagestas is atiret ebesteflicinsrpssaiddRdj ust sai d
audi o signal g9 GonPly with said audio frequency pass mask (302, 304). 4.
The nmethod as clfaimed in any one of clainms Ito 3, wherein said second set
of adj ustnent paﬁaﬁﬁﬁ@ﬂ§dpf@@uﬂm@ﬂ@m@emwaﬁs@smﬁmhmtﬁh@@ﬁtmnmﬁnu&ﬂ sai d
audi o signal a9l 1 off lower frequency conponents in said audio signal.

5. The nethod as clained in claim4, wherein said second set of adjustnent
paraneters provides a set of coefficients to further adjust said audio

signal to boast h@N&lined as claimed in claim 2, wherein said second set of adjustment
paramelers provides a sct of cocfficients to adjust said audio signal to comply with said

audio frequency pass mask (302, 304).

4. The method as claimed in any one of claims I to 3, wherein said second set of
adjustment paramelers provides a sct of cocfficients to adjust said audio signal to roll off

lower frequency components in said audio signal.

5. The method as claimed in claim 4, wherein said second set of adjustment
parameters provides a set of coefficients to further adjust said audio signal to boost higher

frequency componenls in said audio signal.

6. The method as claimed in claim I, wherein:

said quality threshold is a boundary associated with one of the following attributes
in said audio signal:
a signal boost for selected signals;
gain adjustment;
side tone frequency adjustment;
switching adjustments;
signal suppression; and

adjustments for a microphone in said communication device;



frequency conponents in said audio signal. 6. The nethod as clainmed in
claim1, wherein: said quality threshold is a boundary associated wth one
of the following attributes in said audio signal: a signal boost for

sel ected signals; gain adjustnent; side tone frequency adjustnent;

swi tching adjustnents; signal suppression; and adjustnments for a m crophone
in said communication device; 17 said ggceptable characteristic is a
frequency response (308) within an acceptabl e boundary of an audio
frequency pass sk, . ,0.304) . said filter is a finiLte i.mpul se response
R T Ter (orape eepgol et b dih oy B S B SRR POl oo
of coeffi ci ebtwditgrf aadudiodkdgucdcl phemiasiadd2 @Ky second set of adj ust ment

paranmeters is a second set. of .coefficients f said FIRfilter. 7. A
circuit for adju§?ﬁﬁgmbﬁaé@ﬂbﬂ¥m§ﬁd?@°@¥dﬁ§i8gg(gh§0nnunicatiop devi ce
(100), said ci rCéelid[ﬁrﬁt%&(b)faﬁ‘ﬁﬂﬁéﬁﬁi&ﬂ&bte@s iRk &t 62Q8Micfeak fEreeRIFYRNY a

signal (214) encoding an audio signal and converting said signal (214) to
a digitized §“§hﬁﬁ (216); a nodule to accept a request for an increase in a

current vol une sefiiBgnl Qet%Fadjﬁé?rﬁ&ﬁ?%ﬁei\éfgliéja[@c&@\é@tl offcBerSglidrpyliput audio
signal (226); a mcroprocessor (202) adapted to detect when said request

for said incFasléer. occurs and to generate an adjusted version (222) of
digitized signal (216) to inplenment said increased volune |evel utilizing
a digital signal rocessor (DSP) (206); a filter (218); and said digitized
si gnal (216) 7 and® &rsden adiusbndn qugpug sidiesignakeli somajugstidar desics (18R, (222) of

the digitized,;gi.g0al (208} Bdmpnlign@n anal og audi o signal (224) and to provide
sai d anal og gﬂ Fo s}%na? ﬁgpg g%eaker (106);

a module (208) for receiving a signal (214) encoding an audio signal and
converting said signal (214) to a digitized signal (216);

a medule to accept a request for an increase in a current volume setting to an
increased volume level for said output audio signal (226);

a microprocessor (202) adapted to detect when said request for said increase
occurs and to generate an adjusted version (222) of digitized signal (216) to implement
said increased volume level utilizing a digital signal processor (DSP) (206); a filter (218);
and said digitized signal (216); and

amodule (210) to convert said adjusted version (222) of the digitized signal (216)
to an analog audio signal (224) and to provide said analog audio signal to a speaker (106),

the circuit being characterized in that said DSP (206) is adapted to determine
if said request for said increase at said increased volume level would generate an audio
output signal (226} which exceeds a predetermined quality threshold, and,

upon determining that said increased volume is within said quality threshold, to
select a first set of adjusiment parameters coniprising filter coefficients for said DSP
processing filter (218} stored in a memory (204) of said communication device (100} to be
used by said digital signal processor to generate an adjusted version (222) of said digitized
signal (216) to implement said increased volume; and,

upon determining that said increased volume would cause said output audio signal
to exceed said quality threshold, to select a second set of adjustment parameters
comprising filter coefficients for said DSP processing filter (218) stored in said memory
(204) of said comnwmnication device (100) {o be used by said digital signal processor to

generate another adjusted version of said digitized signal that provides different output



the circuit being characterized in that said DSP (206) is adapted to
determne if said request for said increase at said increased volune | eve
woul d generate an audi o output signal (226) which exceeds a predeterm ned
quality threshold, and, upon determining that said increased volune is
within said quality threshold, to select a first set of adjustnent
paranmeters conprising filter coefficientg for said DSP processing filter
(218) stored in a nenory (204) of said comruni cation device (100) to be
used by said;dj.gital..sianal pr r.t enerate an justed version (222)
of “said it gi (s TR B SERRR B RE R B G PRe P LT e et
upon det er m remgn tdiatve saaadeptavds dasedrivel funaidwoulitd (eatsie vt tndeth@iting audi o
signal to exceed said quality threshold, to select a second set of

adj ust ment p&¥ H@F@%@VOQBWprising filter coefficients for said DSP
processing filter (218) stored in said nenory (204) of said comunication
device (100) ,to be used by .said. digital, signal processor to generate

anot her adjugted @%?%ﬁ %m% m@%?@(ﬁg@% ngggsignal t hat provides different

output 18 levels_for said digitized signal at.different fr Les as
conpared to said %ﬁ?ﬁ%ﬁ%&mﬁ%sggf%ﬁo?%ﬂﬁga%“awdﬁg%ﬂw?%%PﬁsEH§3§@€§P%stic f or
sai d quality threshidccepniid daraspdinesy frai@encs adsfors @ RSHn WOhdiBRabIE. The
circuit as c%ak&ed i.n.claim7, wherein said quality threshold is associ ated
with an audi SOYPRYGLIIYASLELCIHERON PESGPSK304) .  sai d accept abl e
characteristic i ssi flifeRUSHAY ifR3RAASEnCIPR) whihigy, an acceptabl e boundary
of said audio frequency pass mask; said filter is a finite inpul se response

“FIR filter (21879 Esisgtqadiesimepipargmeted ina (ifmbrrt opmetisienidy spid FARfj r st set
of coefficients, f@r said FIR filter; and said second set of adjustment
paraneters is a second set of coefficients for said FIRfilter. 9. The
circuit as clai medidsacond a¢tef 8liuswher eamsiaisds asedin strdgodficyntpos saidrask (302,
304) is conpki@pt,W th GSM standards. 10. The circuit as claimed in claim
9, wherein said second set of adjustnent paraneters conprises a sot of
coefficients to roll off |ower frequency conponents in said

9. The circuit as claimed in claim 8, wherein said audio frequeney pass mask (302,
304) is compliant with GSM standards.

10.  The circuit as claimed in claim 9, wherein said second set of adjustment
parameters compriscs a sct of cocfficients to roll off lower frequency components in said

audio signal.

11, The circuit as claimed in claim 10, wherein said second set of adjustment
parameters further comprises a sei of coeflicients to boost higher frequency components in

said audio signal,



audio signal. 11. The circuit as clainmed in claim10, wherein said second
set of adjustnent paraneters further conprises a set of coefficients to
boost hi gher frequency conponents in said audio signal. 19 12. The
circuit as clainmed in claim7, wherein: said quality threshold is a
boundary associated with one of the followng attributes relating to said
audi o signal: a signal boost for selecteq) signals; gain adjustnent; side
tone frequency adjustnent; sw tching adjustnents; signal suppression; and
adj ustments for a mcrophone in said comunication device; said filter is

a finite inpubse TRSARNSSs clfihBl irf didilef, whd@ind first set of adjustment
paraneters is a first set of coefficiénts for said FIR filter; and said

second set of adj k%ﬁ& ﬁ[%my mmnﬁg%&ufdayaass%@l%@%ﬁ%he A neRabiin a&%ﬁesfor

said FIRTfilter. . A’conmuni cati1 ons"device conprising a cifcuit as
clained in am#méﬂt@bﬁﬁﬁﬁmﬂﬁmmlll 14. A tel ecommuni cations network

conprising a comunic Y din claim13. 15. A nachine
readabl e nedi um corrpr?gsélﬁmsbo%(gt flOItS%IE%adglgﬁlnggns executable in a

m croprocessor (202) ofaimadpismomi;t (200) as clained in any of clains 7 to 12
for inplementing the sn(% toncdfrcqucncy %dju;tm%rlatal ms 1 to 6.
switching adjustments;
signal suppression; and
adjustments for a microphone in said communication device;
said [ilter is a finite impulse response ‘FIR’ filter;
said first set of adjustment parameters is a first set of coeflicients for said FIR
filter; and
said second set of adjustment parameters is a second set of coefficients for said
FIR filter.

13, A communications device comprising a cireuit as claimed in any of claims 7 to 12,

14. A felecommunications network comprising a communications device as claimed in

claim 13.

15, A machine readable medium comprising computer code means executable in a
microprogessor (202} of a circuit (200) as claimed in any of claims 7 to 12 for

implementing the method of any of ¢laims 1 to 6.



