-1 SYSTEM AND METHOD FOR ADJUSTI NG AN AUDI O SI GNAL FI ELD OF | NVENTI ON

[ 0001] 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
conmmuni cati on device. BACKGROUND [0002] In electronics, an audible audio
-signal is generated by generating an electrical signal representative of
t he audi bl e signal and feeding that signal to a speaker. Various 10

adj ustments can be applied to the audio signal, including changing its

vol une, pitch and frequency, using known anal og and digital signal
processi ng techni ques. [0003] For a connugication device, such as a

cel lul ar phone, a current feature provideS a volune setting which

sel ectively increas r Y audi i gnal _generated by
t he device's speakeS?Sigg[gﬁﬁggﬁfﬁinﬁfbgﬂﬁ%ﬁ&pﬁgﬁdﬁgA&HH%H§§Nﬁéaring 15
difficulties, when he talks on the phone, the phone's volune setting may be

pl aced at a "high" v vel, to increase the audio signal of the
JHERE QpdgVER

person callin ernatively, the volume setting may be set at a
sufficiently hj level .to enahQle the user ' to listen to the audio signal
gener ated by Bh@&el YI%F é{}velgWBﬁegatﬁ tf’ﬁ&'f?en? @ﬂd?‘?%i‘oﬁdcortaﬁ%t“lgﬁﬁ a“‘é:‘%F‘E’Eﬁ?’éP phone
be pl aced ismydittiet an andiasighiigensaed 19 epeakerliniasom@bibitai@n devicessef ul when t he
20 user checks his voice mail system Therein, with a high volune |evel, he
can hold the cellular phone in front of himand listen to his nessages
while still being able to see the keypad of the cellular phone. This
enabl es hi m t BAEEGRAENKeypad and qui ckly access the appropriate keys as
he navigates through the commands of the voice mail system [0004]
I ncreasi ng t hd0¥B) umdn elactepnisa|ap ghdible pibbnmdgahisteeneratdsrygendrating ev electried r oduces
25 distortion ¢Q.it 6. Q6068 88 Q054190 M cedi [ tydifficult to
under st and. [5&%%faﬁﬁown gignaﬁ prgcggsingf?%%.ngﬁgégqggggggg'X%%%%ic
moni t ori ngl®f agdivghmsnts sagieagprlieddo thy audie eignal.ynqhuiingphenzingitsenluam, @ighipmt si gnal
has excessive gligsinel tisAR aHh JaBE and i@k SenRpGOLLES kNG SDapi ng signal to
it to reduce thg di%f%ﬁ?ion. Suc a?eé%n?qgggpmof& é:ver&u\%\l{gll, but use

~sophi sti cat ed (g} UatHoPRcdn@RIHNABESVIVR] Gbh 48NS pRol HBIdeht@breamount 30
of signal processing capabilities to inplement themin real tine. Smaller
devi ces, such P&vides a volume setting which selectively increases and decreases volume of an audio

signal generated by the device’s speaker. For a user of a cellular phone who has hearing
15 difficulties, when he talks on the phone, the phone’s volume setting may be placed at a
“high” volume Ievel, 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 cellular 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 [0007] In a first aspect, a nethod of adjusting
an audi o signal for a comunication device is provided. The nethod
conprises: identifying a characteristic associated with the signal and
identifying a quality threshold for the characteristic; identifying a first
set of 10 adjustnent paraneters for the signal for use when the quality
threshold is exceeded; and identifying a,second set of adjustnent
paraneters for the signal for use when the'quality threshold is not
exceeded. Further,, in the commupi.cati on device, . the method, further

conpri ses: rmncieﬁ'(‘)l?’i R}i‘ﬁn‘c‘i‘sg}av Pn@ﬁ?‘f f@@‘ieﬁ‘%'g‘:@%‘lﬁ’és’%‘? MRt bpesuticspl st c;
and det ecti ng capdbdiitieeto inpRmentthadteckitdies.Nng val ue i s above or bel ow the
quality threshold. If the value is 15 above, then the nethod processes the
si gnal val ue t[604®] odultereds 4 hded forauyperh asd gerbdd ofalljuging dh bldizdini@l @ adi gi t al

si gnal process%@g Qevice in the conmuni cation device, a processing filter
defined in the |8}P?Pm§19nal processi ng device, values of the first set of
adj ustnent 5 paraneters and the signal value. If the value is below, then

t he net hod processes the signal value to produce a second output signal
val ue utilizi ffYMNRARN gi tal signal processing 20 device, the processing
filter, values of the second set of adjustnent paraneters and the signal
val ue. [0008] P07 he Imatindspetthremetherd efetmstingtan sudimsigiadfona vohmwecdtienel ; t he
quality thres : : evel .. hi atin r ters of
fhe. communi catene SerARs. FrafbalP iR Bt MR0RI 00 BELATREE © ©
(FIR) filter; digneldndidentifying acfualityfhaeshotd fiar thraohameerstis; i@Mmtifping afestaetfafr st set

of coet 1 o) Gy Bfent it ot vt it FFer B RR IE Y Re@eF B 0 Ty
provide a set id¢ntifed 4 jecordntierf pdudnipnperambiersdodhaosigns] fnade vihen dompaliy wi t h an
audi o T equencyrafis BB ¥ceondl) Fnd N G oRLRR o YA LHT R el RHER Y PASS

mask may be a nask conpliant Wt
comprises: monitoring for a current setting value for the characteristic; and detecting

. whether the current setting value is above or below the quality threshold. If the value is
15  above, then the' method processes the signal value to produce a first output signal value
utilizing a digital signal processing device in the communication 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 pérameters and the

signal value.

[0008] In the method, the characteristic may be a volume level; the quality threshold
méy 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.

[0009] 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.

[0010] In the method, the audio frequency pass mask may be a mask compliant with
30 GSM standards.



-3 [0011] In the nethod, 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. [0012] In the nethod, the second set nmay further provide a
set of coefficients to further adjust the audio signal to boost higher
frequency conponents in the audio signal. 5 [0013] In a second aspect, a
system for adjusting an audi o signal for a communication device is

provi ded. The system conprises: a nodule to accept a request for change of
vol ume for the audio signal; a nodule to receive the audio signal and
convert the audio signal to a digitized audio signal; a mcroprocessor; a
digital signal processor for processing'?he digitized audi o signal and

produci ng a diﬂital out put signal utjlizing a filter, 10 the digitized
audi o si gnal R cJpfhedpethody the secpnd sshppaprevidegsehpisariiicients pdivstthtig on t he

M Cr opr ocessorzudi srga@lud;a>11tc@flaﬂéwfecrqﬁenb?@orﬁﬁoaéﬁté #egk AHdis@nal gnal to an anal og
audi o signal; and to provide the anal og audio signal to a speaker. The

al gorithmis odeqeyed Ih e mtefiodCthe sabbuRTbet gy MRkl ORdvide Qlset®h B5ERkiGEs ty Ol ume
occurs; identié a new vol ne_lqvel bei. requested fromthe request;
select a first ﬁléetra‘@fmgﬁjaﬂ Fent b 'é‘?oétﬁ’éﬁqg’f’ge@m"ytc?fép%ﬁﬁﬁﬁl@? Yeisigpal 55 a
sel ected sg} ib ﬁ%volune threshold i s exceeded; se] ect g second set. of
adj ust ment ° pad Xitbt er'd 2P $iReck GV TS F5 AGPSIIS 2p pulic sgnalfor  cuppuiqatipn

vol une t hr eshadedlice & paoideéX Thegsehn compiikef! DMbdlfe tReceped egicadorsBlinge 0f t he
digital signal_proc th in the digital

ssor Jf . current set of paraneters
si gnal proces své’ﬁ) estgﬁt?‘? ?'ﬁf?oeﬂ@aﬁﬁzﬁ?dl‘]ﬁéo ?&?‘\éec‘g%ﬂﬁ?e“fg“al[a@éfﬁ‘]"e? feEhdiosyst em
the filter mayidnel @ aldighideaidipligil am@ePOOSSsor;R dRlital difdabprocdsfe fdri rst 20 set
of adjustnentﬂﬁaranet r§ ma b§ a.ers S t.o%ﬁﬁoeificientﬁ for the FIR
filter; and tHE &Y S ) o R WL ng‘éﬁ“’& BRSOYRY SigRe Ju ®get of
coefficient®k fthe dighieedauofsighslend a p@khblet bipatdirtessy it Agarithopdratnglon gRt  Of
adj ust nent paraneters m ' co&ffjcients to adjust the

; rovi de a set .of. _
auti o s gnal  tBCIBRSTYC PR oSaaYes the digtiesdaydin sigts fanyanalog gisicgienah « he
system the auside froeidetaeeylqassioriakl torypehier aTasdoriaons aiapak i ddiect 25 GSM
standards. [00L7] . n the system .the second set of adjustnent paraneters
may provide a ‘%1'}%%‘ thrreque %\tg?%/oﬁ%rfgg of ‘éoq ° ‘é‘i‘j}”ﬁs‘fle“rt‘ltf?'ea %ﬁfi‘ﬂ‘f%“r’%‘? lﬁ}‘ﬁiﬁ’e”g% rol | off
| over frequenayqesiepbore tifesedust] izl fitbtaet Fiagjidient pRahSkrsifr thdvudmysinem the
second set 150 f a%%lsglgétéﬂa sré} if Q%lﬁﬁggh%sﬁolg?sy ex]::e%rdéd}? (s:"erlecpg g)e\éclmcci:l(:"seta of adjustment
 parameters for the audio signal as the selected set if the volume threshold is not exceeded;
and provide the selected set to the digital signal processor if the current set of parameters

in the digital signal processor is different than the selected set.

[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  set of 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 becone nore apparent fromthe
follow ng description of specific enbodi nents thereof and the acconpanyi ng
drawi ngs which illustrate, by way of exanple only, the principles of the
invention. In the draw ngs, where |ike elenents feature |ike reference
nuneral s (and wherein individual elenentz bear uni que al phabeti cal

suf fixes): 10[0021] [0022] [0023] 15 [0024] 20[0025] Figure 1 is a block

di agram of a ni catj,on deyice. associated .with an enmbodi nent; Figure 2
o eherati A0 r dRbl e s oA RRE BliG e o et t hoqhene the |

- comuni cati on akeprocideddf Fig. 1; Figure 3 is a frequency response curve
illustrating responses for selected output |evels of audio signals produced
by the conmunication device of Fig. 1; Figure 4 is a harnonic distortion
curve illustrating distortion levels for selected output |evels of audio
si gnal s pr oduBRIEBDRSERIRTOMOF THEDRAWHNGS ce of Fig. 1; and Figure 5 is a
flow chart of an algorithmused for adjusting signals wused by the

oper ati onals el[8¢a%ht s Tk fezegpingand DT AIshEE oDES GRIcIAnEN! GEcoAls nekBEPhRENT

from the following description of specific embodiments thereof and the accompanying
drawings which illustrate, by way of example only, the principles of the invention. In the
drawings, where like elements feature like reference numerals (and wherein individual

elements bear unique alphabetical suffixes):

10 [0021] Figure 1 is a block diagram of a communication device associated

with an embodiment;

[0022] Figure 2 is a schematic diagram of operational elements associated

with the communication device of Fig. 1;

[0023] Figure3 is a frequency response curve illustrating responses for
15 selected output levels of audio signals produced by the communication

device of Fig. 1;

{0024] 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 10025] Figure 5 1s a flow chart of an algorithm used for adjusting signals

used by the operational elements of Fig. 2.

DETAILED DESCRIPTION OF AN EMBODIMENT

[0026] 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.



[ 0026] The description which follows, and the enbodi nents descri bed
therein, are 25 provided by way of illustration of an exanple, or exanples,
of particular enbodi ments of the principles of the present invention.
These exanpl es are provided for the purposes of explanation, and not
limtation, of those principles and of the invention. In the description,
which follows, |ike parts are marked throughout the specification and the
drawings with the same respective reference nunerals. -5 [0027] Referring
to Figure 1, conmmunication device 100 is shown. User of conmunication
device 100 can establish a call with another person using another device
whi ch can conmmuni cate with device 100. Dévice 100 naybe a tel ephone,

cordless tel e, | l.ul ar.. phone, voi.ce- enabhl ersonal digital

assi stant or :‘1@35/5)’3evi1§e er%?%ﬂ?iFEﬁ% R SOBIENEAgR ?;“‘ifﬁ;agg‘sg% et i ons. The
ot her person nmynbeicatiinniyviae Hwiat estabtistnecdtiedtit Mother PRSI, anBthis detiod

shown). Therein,.. ,comuni cation est ablished through a el lul ar

net wor k (not S\ﬂg%3an§grgréxﬁ1gatt%\aﬁl§ﬁe?v¥ceg§gi ](%,‘év“fd@aﬁﬁﬁb%a 5%’? N etoROTR

associ at ed  witelapiohe celdir@homef vdideecnatilbperddail Hipial 20idtait BAdny\deViYe prbigin@t her
devi ce may §)e goi.ce .mai | s%csttem T{}P(S)%LOOZ% The majn interface gl enent s
of communi cation devi & PSR STPRTEPTL AR be Wing g Jeivickonnegied fzy 104,

speaker 106 arRSTHN mtwqrh Goeshbod). Therak esmb0fcgonanatRes@blishedandini £ signal s
s _all audio signals

received from} ot her. devi.ce.. M crophane 108 receiy

fromthe user Cﬁgﬁﬁrene he &'é’t ThBWP%aéSOStaFFBrW‘ﬁéiF?BW.Oogﬂ‘géﬁgmf%oﬂ‘aﬁﬁsoﬁ’étegny type
of speaker havitinije dgueopthe ather strstRN AlteRRivaRdihp ethéQlMBNEEy bdvdaciefil Stics
to produce an audio signal 15 for device 100. For a wireless conmunication
interface, antehna 110 is provided to receive and transmt wreless
-signals for device 100. [0029] Referring to Fig. 2, further detail on
functi onal 10asd8@28% ofThe mainsintedfaderledeuis ofconticatian deviow il efdr itsTiser ietlnde:

circuit 200 prQyi faci Lk ej ve and m,t io _signals to
nd from devi CevRaR Pl b Siigkd 1 DL BRI BN BF Cater Pt Bere R Vot ac 11 o
20 nenory 204,audiblgisigabls sicgimed from the ethst dryice. D8Rrophoakul 08 r&@Bes albaidio sivaslsll e
208, antenna 110, r é{f@% 2 nd. speaker 106. .[ 0030]
M croprocessor 2_056?%9?{1%%%5‘%%?00%% rol 9eS %@ﬁ%q(ef })Or% °8‘é§? %né’][)ﬂt'fd)}cL ori thm
212 is a prodzing apreeraiaterdimensions gpprfovessahard@@distiesth pakliceanypudis sgaali ng
control foys MY device 100. For a wireless communication interface, antenna 110 is provided to

receive and transmit wireless signals for device 100.

[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 contro! 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



operations of device 100, including call control, display control and power
managenent. 25 M croprocessor 202 has access to nenory 204, which is used
to store routines, variables and data used by algorithm 212. In the

enbodi nent, mcroprocessor 202 is a commercially available

m crocontrol l er, such as a mcrocontroller available fromARM Mtorola
and Intel. Menory 204 is a flash nenory device. O her technol ogi es of non-
vol atil e storage devices known in the art can be used. A representative DSP
206 is 30 commercially available from vari ous manufacturers, including
Texas Instruments and Anal og Devi ces. representative CCDEC 210 is
commercially avai | able from Texas -6 | nsf?ument s and Anal og Devices. A
representati ve aker Cé‘gﬂ comrercially available fromPhjlips and

Fost er. [0031] e&‘é\% e"éﬁﬁf FRTBFTALNF SRFpkRe d0Gis fprpapigialdy ?Vﬁtbé#@f ace to
recei ve and tﬁ‘cﬂmBlﬁllﬂisa‘ﬂOIFﬁﬂerSI gnal s encoded in radio frequencies to other
devices. Antenna 110 is 5 connected to radio m)dul e 208, which converts

d I | I
CTonal s, wni cHILEh "t ABRNG 1o g G Tl Y e L FRRE et Cbefisiid 506 1

particul ar, nm:hutrmt 268 su:gma}senctoﬂedmcz&ho/ﬁehu\wncﬁeeltcea‘ﬁerslb‘gfm Anfdiwh 11060 digital
data stre 216 ch 1S representation.of the audiq signal
encoded i nasrvu re eegtgd Osrla%lﬂa Oglilizag §%Fﬁ%IC3We§$m&eéYe pASRRIE 2&%”&?‘6‘?%0'13’2 ed
audi o si gnal s aspokeeliOlinto tlerics eignas) ehhibh carcthei beadeddgymeahaptwﬁﬁts ir0Archis
received by r converted into an ctrl cal signal for
antenna 110, % cH ]Jta%mus%g?@gl??g@f%‘éﬂé rRRepRe RFlew;s %}F f tﬁdfgétﬂ]i% “Signal
and transmts strearh 216, bichisra suffiitnoreprostutado?(f8h«cautiorsigasientdib@ inneitelesd 1 cUi t s
a0 outLnes IR Sy e AP BB EOR B b 915
progr amedl® o rs@ived by me:irgphsimamé ig ﬂeeaerchd@ytradi'cadodum 8 tlsdngnmleﬂed iatoahf ect a
el o9, acoush b SHISNRLPLBPEL L hEh p RKRTR TER oGS AGEL " ©"
al'gorithmto pmoétessitsitgntk air. nﬁamsm()we:mmmﬁtamtaﬂ:ﬁ)mmﬁd aaplitihes et

adj ust nment coanfl Cinetﬂts { rad";tsge s of the inputs, to produce output data

stream 222. The W%j LS eRt 2CoSFY 1|r{’8en‘°’tgs ‘are preferably provided by data 220

from 20 m croprocessor 202 as anot her set of inputs to DSP 206. Wth all of
the input and [0@B&f f iRigigahdath pfeamid b isomoviddERroa08dia sedule 268 foldS#r204] which

speci al i zegs DSP,Ghfamiel % LReffely Gbfithd digitized voice signals to effect a required acoustic

-response properties for sounds meant for reproduction on speaker 106. At the heart of
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 coefficients are preferably provided by ;iata 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.



generate output data stream 222. [0033] Thereafter output data stream 222
is provided to CODEC 210, which converts stream 216 to analog el ectrica
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. 100341 It will be appreciated that other enbodi nents
and processes also will provide an equivalent result of converting and
processing a received radi o frequency-based signal into an audi ble signal.
-7 [0035] Further detail on specific adjustnent coefficients provided by
the enbodiment is now provided. In the cyrrent regulatory environnent,

cel lul ar phones and other wireless communication devices, such as device

100, I t i il oper at | Lf i ficati
ol at no 1o T iy e el iRt 8RE bt shbutr o rie Gk e dms ) o

audi o speci f i dahdéwpevided | lude csirgn adgufatoegeriroymdn TPIONG @hatel addatichp @&Sledsat i ng

standards. [0Q i -3 raph, 300.1s a receive frequency response
graph defi ned cﬁ%e"‘#lﬂ al TOBErE %ﬁggseq%w%%qs’ 5glefa&mw§?e§ﬁ@ .Ogefﬂglgr ecei ve
frequency r esporfeenanteaspdaficitionaciciipas thelyaility baudRainile profiiced beCypedkes ponse

of a received §j . (whi-ch i s reprod d on speaker,.106) falls within a
speci fic mng K ﬁ%g@m’ sénam#i%aﬁag)m?l% I,e s%clf}:gﬁenﬂ{ E&Iﬁ)@ﬁec%}ldll(ﬂﬁ‘@%s rai standards.

Specifically, the GSM standard dictates that for a communication device
operating at tIA36] norh Fig 3.etdph 30 setredeivg freqivecy legguserzcaph defspdnsder of audi o
si gnal s produgg ' I na floatingt | ate
defi ned by uppe?bég%w&fg]rsy %gg&gsnhé O\t%%{déb%hﬁﬁgéae%%e%ﬁ?y r@gﬁ%ﬁggﬁg%ﬁn%ar y 302

i s a shaped f rreapdeipctatitksspesswed fequomrydesponse nfz modegdiszbil¢whinllis remaineeipt abl e
response | evelg, i ' r. ry. 302 _at a given
15 frequency if SP%CI%EE@#S%Q%E%%@E Iqagg@euﬁlg‘%éﬁggggggﬁ%?n %eoql’ﬁl?\nﬁérr%?g 02,
then the s uireeificallasthoH8M stanid4rd dictates Spefor & coamuneatioBigvideapérytinglaotver
boundary 304 i:SnfnasdRadsdik ve defini . |l e and
unacceptable r espgnse I e§/e mgg#lg?&élle?/‘éﬁgs?’g %gﬂ%ﬁg‘i Sg%ngﬁlg%)og h{%\kg?tg%%%%gary
304, at a gi verust fod dawiserya figating empistesiefioat hyawparbeendaen@P and lowbeioondabower
boundary 304, 4ghe WRAS r j ification. The 20

| oudness st andar dUP%JPE%ovm ggsg ﬁes’ﬁ%ggg? @lggﬁjoljﬁ R%%gu%g? &lr{lén g(aﬁ?_eﬁ%&c an@

Speci fical |y, unpeceiRplre reghasseleests fongivenffmaquencico nirnpreabowdarg 802, eea gipar at i ng

~at a nom ng \@q{féﬂéy %hd hdlGured Qgpo%eaevel is above upper boundary 302, then the measured

response fails the specification. Similarly, lower boundary 304 is a shaped frequency

response curve defining acceptable and unacceptable response levels for given
frequencies. For lower boundary 304, at a given frequency if the measured response level
is 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.

[0037] 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.



must be within a certain range. The cal cul ati on procedures for RLR are
known in the art. [0037] Frequency response curves 306, 308 and 310 are
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~volume level and when filter parameters are switched.

[0041] Referring to Fig. 4, for a given speaker producing a signal at a given volume
level, a related issue to frequency response is the amount of distortion present in the
signal. Generally, due to a speaker’s inherent operational 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 a percentage) on the y-axis measured against a frequency range (in

Hz) on the x-axis.

[0042] 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).



Limtations in the speaker include its operating frequency range and power
handling capabilities. Oten, for a given speaker having a given frequency
operating range, signals in the |lower frequencies are distorted first, due
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the signal. [ GQRédkighlli ng frequency domai n anal ysis techniques, in order to
control the distortion, the enbodinent effectively exam nes the current

vol ume | evel e audi @ signal being reproduced on speaker 106 (Fig. 2),
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pass filters, other types of filters or aﬁy combination of filters may be used.

[0045] Fora giveu 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.

[0046] 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 roll-off lower



set when a signal is attenuated and by how nuch. One nethod of identifying
the 20 characteristics is to neasure the perfornmance of the given speaker
106 under differing signal levels, by nmeasuring its frequency response and
di stortion characteristics. The neasurenents are analyzed to identify

vol ume | evels which may produce excessive distortion and the associated
frequency responses. Thereafter a cut-off volune level is selected. Wen
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are attenuated at certain frequencies. The identification of which
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bi nary taps, as filter 218 processes data in the time domain, In programming these tap values,

15 typically floating point numbers may be used. However, as filter 218 is implemented in
hardware, the coefficients and the related data are represented as digital data in binary
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. AFIR filter has an impulse 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}=Y [h({)Xx(n-1i) Equation (1)
i=0
Where x(1) is the input, y(n) is the output, h(i) is the unit sample response of the filter and
30 N is the number of taps of the filter. ' ‘



format. The operating guidelines of DSP 206 need to be followed to effect
proper inplenentation of filter 218. [0049] In the enbodinent, a Finite
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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

0 139 302
1 214 219
2 221 349
3 -460 -394
4 153 164

I3 -494 -431
6 ~730 964
7 10 164
8 1145 -1700
9 1666 1040
10 1356 541
11 919 481
12 611 -836




TABLE A Set -1Set' 0139302 1-214-219 2221349 3-460-394 4153164 5-494-431

6- 730-964 710-164 8-1145-1700 916661040 101356541 11919-481 12 1611-836 -12
Set 1$et' 2 13455-1603 141047-875 15-1882-4470 162880328803 17-1882-4470
181047- 875 19455-1603 20611-836 21919-481 221356541 2316661040 24-1145-1700
2510- 164

-12 -
13 455 11603
14 1047 875
15 -1882 4470
16 28803 28803
17 _1882 4470
13 1047 -875
19 455 -1603
20 611 -836
121 919 -481
22 1356 541
23 1666 1040
24 1145 -1700
25 10 164
26 ~730 2964
27 ~494 | 431
28 153 164
29 460 394
30 221 349
31 214 219

[0052] Peferring to Fig. 5, when operating device 100, a user-selectable volume
control 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 1, 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



26-730-964 27-494-431 28153164 29-460-394 30221349 31-214-219 [0052]
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to account for the level of the incom ng audio signal and the hearing
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uni form steps; steps of 3 dB per change are comon. Al gorithm 212 controls
operation of tonal adjustnents made to a signal in view of a particular

vol une setting. First, at step 500, the audio output device is selected. At
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{0053] It will be appreciated that the embodiment provides an effective and simple
15 shaping routine for potentially distorted signals. Other embodiments may use other digital
filters, such as an Infinite Impulse Response (IIR) filter, which are known in the art.

[0054] Although the embodiment provides adjustment for distortion control, other
embodiments may be used to adjust for other settings. Such other settings 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



variations on the flow of operations, while still achieving signal shaping,
fromthe algorithmnoted above. O her enbodi nents may use nore sets of
coefficients. 100531 It will be appreciated that the enbodi nent provi des an
effective and sinple 15 shaping routine for potentially distorted signals.
O her enbodi nents nmay use other digital filters, such as an Infinite

| npul se Response (IIR) filter, which are known in the art. [0054) Although
t he enbodi nent provides adjustnent for distortion control, other
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the DSP is  prigyézfed A snelic WveP e BN S LRnAREHES ol A HIWARLRA fact or

associated with the signal to pro uce an adj usted signa ere
unwant ed f act devel forp semaprigrtionderice Atthe vHumalevd is betovea predetanmined theashiddl, t he

DSP is provi detﬁeﬂ’!)ﬁﬂb(%ﬂ?faﬁ@l@e@@fth Plet BALBARERL & & WF[!\ ?%Wsr#gltt{) %ﬁ'&%ﬁnsarl ly

provi de an out put S|g whi ch needs to account factor.
with an audio frequency pass mask, such as the mask illustrated in Fig. 3. If the volume

15 level exceeds the threshold, then there may be distortion in the signal. As such, the lower
frequency signals in the signal are rolled-off in a preset fashion to reduce the amplitude of
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. a 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.



[0057] At a nore specific level, the enbodiment nonitors for a change in a
volunme |evel for a comrunication device. If the volune level is below a
predeterm ned threshold, then DSP 206 is provided with a set of
coefficients to shape the audio signal to conform wth an audio frequency
pass mask, such as the mask illustrated in Fig. 3. If the volune 15 |evel
exceeds the threshold, then there may be distortion in the signal. As such,
the lower frequency signals in the signal are rolled-off in a preset
fashion to reduce the anplitude of the |ower frequency signals. This has
the effect of | essening any distortion in the signal. However, the

rol |l ed-off signal has |ess | oudness associ’ated with it. As such, the si gnal
is boosted in_its higher frequencies in a preset fashion to conpensate for
the renoved en@f 20 fromthe signal. The resulting rolled-off and boosted
signal provides a signal which mmcs a step-wi se increase in volune (e.g.
a 3dB increase in |oudness). [0058] It wll be appreciated that in another
embodi ment, signal ¢ MeedRd adivgtineap audio gignad g 4 capmuricagign device) wifanethady e
decreased wi t heopfprigiRpr opri ate nodification to the signals to ensure
conpliance with a nmask, 25 [0059] Although the invention has been descri bed
with referehce to dptfying achwagtsrstic assepinies Wilhaid sispaland idsntifsae idealdy ons
thereof wi Il be appat@pl thQaldRessct&lstié; €d in the art w thout departing
fromthe scope of the jnvention as outlined in the clainms appended hereto.

- 15 Cainms: 1. A fsniiymesingartof edivgyment paameiers &7 gHaFiena fo ke usehywkatistidt i on
devi ce, sai d net hodualPiRhsld RExceaddadenti fying a characteristic associ ated
with said signal and identifying a quality threshold for said
characteristic; idésniifingdgesond pgt of adivstment pasematers foi pid penahipdieaped Whsp said

signal to pe used uheQuady Mreskbidsinbdexthuashed d i s exceeded; identifying a
second set of adjustnent paraneters for said signal to be used when 10
said quality threshbi¥f oampgicaigndesided; and in sai d conmuni cation devi ce:

~obtaining a digitized shifahgYalgiRedlichflHuidio afiidnglal;
monitoring for a current setting value for said characteristic;
upon detection of said current setting value as being above said quality
15  threshold:
processing said signal value to produce a first output signal value
“utilizing a digital signal processing device in said communication
device, a processing filter defined in said digital signal processing
device, values of said first set of adjustment parameters and said
20 signal value;
and
upon detection of said current setting value as being below said quality
threshold:
processing said signal value to produce a second output signal value_
25 utilizing said digital signal processing device, said processing filter,
values of said second set of adjustment parameters and said signal

value.

2. The method of adjusting an audio signal for a communication device, as claimed in
30 claim 1, wherein:
said characteristic is a volume level;

. said quality threshold is a set volume level within operating parameters of said

communication device;



nonitoring for a current setting value for said characteristic; upon
detection of said current setting value as being above said quality 15
threshol d: 20 threshold: 25 processing said signal value to produce a first
out put signal value wutilizing a digital signal processing device in said
communi cation device, a processing filter defined in said digital signa
processing device, values of said first set of adjustnent paraneters and
said signal value; and upon detection of said current setting val ue as
bei ng bel ow said quality processing said signal value to produce a second
out put signal value wutilizing said digit si gnal processing device, said

processing filter, values of said second set of adjustnment paraneters and
said signal value. . The t hod of adjustjng.an audio signal for a
communi cati on devi éaéigﬁggr %t g‘?‘ﬁéﬂp?lﬁe ‘egﬁhﬁfl(ﬁ%%l‘f’r; wherein: said
characteristic is aaid6@itsuseeof MjiRtnenSRirneipaeds iathyst bdi bS8 Hctnis Fordaig ¥R VOl une
| evel within qﬁfnat%ng paraneters of said conmunication device; -16 said
filter is a fiHit& Y npul se response (FIR) filter; said first set of
adj ust ment par amet e4ié sdcndsef dfladfustieht pafaneRef if b 6dcemt sot dreberfdibmds fok Rid fil ter;
and said se oqﬂ t of adjustnent paraneters is a second set of
coefficients f Fﬁﬁ%Td FIRfilter. 3. The nethod of adjusting an audio
signal for a comrunication device, as claimed in claiml or claim?2
wherein said first set of adjustment paraneters provides a set of

3. The method of adjusting an audio signal for a communication device, as claimed in

¢laim 1 or claim 2, wherein said first set of adjustment parameters provides a set of

coefficients to adjust said audio signal to comply with an audio frequency pass mask.
10

4, The method of adjusting an audio signal for a communication device, as claimed in
¢laim 3, wherein said audio frequency pass mask is a mask compliant with GSM

standards.

15 5. The method of adjusting an audio signal for a communication device, as claimed in
any one of claims 1 to 4, wherein said second set of adjustment parameters provides a set
of coefficients to adjust said audio signal to roll off lower frequency components in said

audio signal.

20 6. The method of adjusting an audio signal for a communication device, as claimed in
claim 5, wherein said second set of adjustment parameters provides a set of coefficients to

further adjust said audio signal to boost higher frequency components in said audio signal.

7. A system for adjusting an audio signal for a communication device, said system
25  comprising:
a module to accept a request for change of volume for said audio signal;
a module to receive said audio signal and convert said audio signal to a digitized
audio signal;

2 MiCroprocessor;



coefficients to adjust said audio signal to conply with an audi o frequency
pass mask. 10 4. The nethod of adjusting an audio signal for a

comuni cation device, as clained in claim3, wherein said audio frequency
pass mask is a mask conpliant with GSM standards. 15 5. The net hod of

adj usting an audi o signal for a conmunication device, as clainmed in any
one of clains 1 to 4, wherein said second set of adjustnent paraneters
provi des a set of coefficients to adjust said audio signal to roll off

| ower frequency conponents in said audio signal. 20 6. The nethod of

adj usting an audi o signal for a conmunication device, as clainmed in claim
5, wherein said second set of adjustment Pparaneters provides a set of
coefficients to further.adjust sajd audi.o sigpal. to hoost higher frequency
conponents in said ag@gﬁlos 1%’%@’5‘51@“7%“ W%V%‘P%?ﬁ“?‘g?“ﬁe&jaﬁ@? FRRpL S‘HP HOHCHESi gnal
for a communi cati odigiigwutpet sigmal dilising tadilter, 26d digitipdd 0 Yignsl afD& tirent Bt e cept
a request for chan e o&myplune for said audio signal; a nodule to receive
sai d audi o si gnal ha Convert said audio signal to a digitized audio
signal ; a m cr opr oeralgarithm-opetatingtingaitl adicreprodeador, RAio @R6HRM algPtedad OCESSI NQ

said digitized audi o si gna nd produci.ng, a digital output signal
utilizi gg aszfi lter, sai %t%}‘6?%%‘@(5"%55&&6%%“5?13{#‘% Oéc%ﬂlrorent get of

paraneters; an al gori t hidemifes adw Ngudlesd beingiegicartd foRSsidiequsdi d al gorit hm
adapted to 5 detect whe{'n sa%d rtec%ugist for chan%& of . vol.ume occurs;
identify a new vol ume |8VEI? B8RP AFORRET Qaremetsth X Spig apdig as agefegled
first set of adjustnmentsepidbaaiinetiseshold isatatdatydi o signal as a sel ected set
if a volune threshold is el.ect a second_set. of ad'é[ggitlsgg, t

. elegg( Cseeod (g-t ? stment garamet aid audio §
parameters for said audisosd SRAL ST a%pgment arameters £1 seid aydiq 3 ol ume
threshol d 166 not exceedettrtednd ifsridwblime siaestlold & wetededs@tang 0 sai d digital
signal processor if sai 19r0\91 ! L stelegt%& set to said digital signal processor if said current set
of parameters in said digital signal processor is different than said selected
set;
a module to convert said digitized audio signal to an analog audio signal and to

15 provide said analog audio signal to a speaker.

8. The system for adjusting an audio signal for a communication device as claimed in
claim 7, wherein
said filter is a finite impulse response (FIR) filter;
20 said first set of adjustment parameters is a first set of coefficients for said FIR
filter; and
said second set of adjustment parameters is a second set of coefficients for said
FIR filter.

25 9. The system for adjusting an audio signal for a communication device, as claimed
in claim 7 or claim 8, wherein said first set of adjustment parameters provides a set of

coefficients to adjust said audio signal to comply with an audio frequency pass mask.

10.  The system for adjusting an audio signal for a communication device, as claimed
30  inclaim 9, wherein said audio frequency pass mask is a mask compliant with GSM

standards.



of parameters in said digital signal processor is different than said
selected set; a nodule to convert said digitized audio signal to an anal og
audi o signal and to 15 provide said anal og audio signal to a speaker. 8.
The system for adjusting an audio signal for a communi cation device as
clained in claim7, wherein said filter is a finite inpulse response (FIR)
filter; 20 said first set of adjustnent paraneters is a first set of
coefficients for said FIR filter; and said second set of adjustnent
paranmeters is a second set of coefficients for said FIRTfilter. 25 9. The
system for adjusting an audi o signal for communi cati on device, as clained
inclaim7 or claim8, wherein said first "set of adjustnent paraneters
provi des a set, of oefficients .to adjust id audio. signal, to conply with
an audi o frequency T%%?s‘cf{e%g’k? JupEne %h’gﬁ@é?ﬁ?‘faocro%‘j“ﬁ%tﬂq%ﬁ@“&% agqi#sd si gnal
;_or a conmmuni dahh;ocr(neabévlhm,? tEstO,eMﬁirenﬂiid ﬁ&n’ﬁ@et@k&ijmrﬁené M?ﬁ&ér&lpr%aid@h aauﬂi 0
requency pass .S conmpli.ant wt standards. -18 11. The
system for adjis icﬁaﬁgﬁrﬂﬁ{%&ﬁ S‘éﬁ‘gr%bi‘%‘“’ F‘é’l’w&’ @H%iﬂweggewgﬁcyo@mpe@pts% cl ai med
in any one of seidaudis signdlo 10, wherein said second set of adjustnent
paraneters provides a set of coefficients to adjust said audio signal to
roll off | dwer frequency conponents in said audio signal. 12. The system
for adjusting an audio signal for a communication device, as clained in
claim 11, wherl&i n F&¢ sysweconadjstng afaudidjsigad!femit copatuaitetiocardsvips, avilamsd a set
of coefficie r | aj} d.audi o signal to . boost _higher
frequency co rrpr% Elgﬁl?éf %Egglasf@%g%g%i (S)e% g# a?:dilflas .cn%e)arangeters provides a set of

coefficients to further adjust said audio signal to boost higher frequency components in

said audio signal.

- 10



