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Description 

BACKGROUND  OF  THE  INVENTION 

This  invention  relates  to  the  field  of  speech 
amplifier  circuits  for  battery  powered  radio  receiv- 
ers  and  more  particularly  to  a  circuit  that  reduces 
speech  distortion  and  increases  perceived  loud- 
ness. 

In  the  design  of  radio  frequency  receivers  for 
the  reception  of  voice  transmissions,  it  is  desirable 
to  include  a  speech  amplifier  that  can  be  adjusted 
to  provide  as  much  distortion  free  power  output  to 
the  speaker  as  the  listener  may  require.  But,  most 
amplifiers  operate  more  efficiently  near  clipping 
and,  for  a  given  power  output,  an  amplifier  with  a 
smaller  maximum  power  output  capability  than  an- 
other  similarly  designed  amplifier  will  typically  re- 
quire  less  power  input.  Consequently,  when  the 
radio  receiver  is  battery  powered,  it  becomes  desir- 
able  to  limit  maximum  amplifier  power  capability  to 
reduce  battery  drain  and  extend  the  time  between 
battery  charges  or  replacement.  These  two  design 
goals  are  obviously  in  conflict  and  a  compromise 
maximum  power  output  capability  is  usually  chosen 
for  the  speech  amplifier  when  the  radio  receiver  is 
battery  powered. 

In  Fig.  1,  a  prior  art  radio  receiver  is  illustrated. 
Referring  to  this  figure,  the  demodulated  speech 
output  of  a  receiver  "front  end"  102  is  coupled  by 
a  potentiometer  104  to  a  speech  amplifier  106  and 
speaker  108.  Potentiometer  104  functions  as  a  vol- 
ume  control  (a  rotary  control  is  assumed)  and  at 
some  point  in  its  rotation,  the  input  signal  to 
speech  amplifier  106  will  be  sufficient  to  drive  the 
amplifier  into  clip.  This  is  graphically  illustrated  in 
Figs.  2a,  b  and  c  wherein  the  thin  and  thick  lines 
respectively  represent  the  response  of  the  prior  art 
circuit  of  Fig.  1  and  the  response  of  the  present 
invention  of  Fig.  4  (described  below).  In  Figs.  2a,  b 
and  c  respectively,  the  gain  of  volume  control  104, 
the  perceived  loudness  to  the  listener,  and  the 
amplifier  distortion  are  plotted  against  the  rotation 
angle  of  the  volume  control. 

As  the  volume  control  is  advanced  from  its 
minimum  volume  position  (the  far  left  on  the  hori- 
zontal  axis  of  the  graphs)  amplifier  106  begins  to 
clip  at  rotation  angle  202.  Fig.  2a  indicates  that  the 
amplifier  input  signal  increases  as  the  volume  con- 
trol  is  rotated  beyond  point  202  (to  the  right  on  the 
horizontal  axis  of  the  graphs);  yet,  Figs.  2b  and  2c 
respectively  show  that  there  is  no  substantial  in- 
crease  in  the  perceived  volume  and  that  the  distor- 
tion  increases  rapidly  as  the  volume  control  is 
rotated  beyond  point  202. 

The  amplifier  clipping  can  best  be  understood 
by  referring  to  Fig.  3  wherein  a  frequency  response 
plot  of  a  typical  human  voice  is  illustrated.  The 

typical  human  voice  has  first,  second  and  third 
peaks  or  "formants"  302,  304  and  306  centered 
approximately  at  700,  1500  and  2400  Hz.  The  first 
formant  can  be  as  much  as  15dB  stronger  than  the 

5  second,  and  the  second  formant  can  be  as  much 
as  6dB  stronger  than  the  third. 

When  speech  amplifier  106  begins  to  clip,  fre- 
quencies  within  the  band  width  of  first  formant  302 
are  distorted  before  those  of  second  formant  304 

io  and  third  formant  306.  Unfortunately,  additional  dis- 
tortion  occurs  because  the  second  and  third  har- 
monic  products  of  the  first  formant  fall  within  the 
bandwidth  of  the  second  and  third  formants.  Thus, 
distortion  increases  rapidly  and  there  is  no  signifi- 

75  cant  increase  in  the  perceived  loudness  at  the 
speaker  once  distortion  begins.  Accordingly,  it 
would  be  desirable  if  the  speech  signal  could  be 
conditioned  before  amplification  to  reduce  this  dis- 
tortion  and  increase  the  perceived  loudness,  while 

20  simultaneously  maintaining  intelligibility. 

DESCRIPTION  OF  THE  PREFERRED  EMBODI- 
MENT 

25  In  Fig.  4  a  block  diagram  of  the  present  inven- 
tion  is  illustrated.  Referring  to  this  figure,  an  an- 
tenna  402  is  connected  to  the  "front  end"  of  a  well 
known  radio  frequency  receiver  404.  Radio  front 
end  404  includes  a  demodulator,  the  output  of 

30  which  is  connected  to  the  input  of  a  step  attenuator 
406.  Step  attenuator  406  preferably  has  250  steps 
wherein  each  step  is  0.25  dB.  Step  attenuator  406 
has  a  control  input  for  selecting  one  of  the  250 
steps  of  attenuation.  The  output  of  step  attenuator 

35  406  is  connected  to  the  input  of  a  high  pass  filter 
408.  High  pass  filter  408  has  "active"  and 
"bypass"  modes  which  are  selected  by  a  control 
input.  In  the  active  mode,  filter  408  functions  as  a 
two  pole  high  pass  filter  with  a  corner  frequency  of 

40  1.1  KHz.  In  the  bypass  mode,  however,  no  filtering 
is  provided  and  the  input  is  essentially  coupled  to 
the  output.  The  output  of  filter  408  is  connected  to 
the  input  of  a  speech  amplifier  410  and  the  output 
of  the  speech  amplifier  is  connected  to  a  speaker 

45  412. 
In  the  preferred  embodiment,  a  four  section  bi- 

quad  switched  capacitor  filter  is  connected  be- 
tween  the  output  of  attenuator  406  and  the  input  of 
speech  amplifier  410.  One  section  of  the  switched 

50  capacitor  filter  functions  as  high  pass  filter  408, 
while  the  other  three  sections  function  as  high  pass 
filters  with  a  corner  frequency  of  300  Hz.  In  this 
particular  application,  control  signals,  such  as  a 
well  known  "tone  coded  squelch"  signal,  are  trans- 

55  mitted  in  the  frequency  band  between  DC  and  300 
Hz.  The  three  sections  with  the  300  Hz  corner 
frequency  filter  out  these  control  signals  to  prevent 
them  from  being  amplified  by  speech  amplifier 
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410.  In  the  preferred  embodiment,  to  enter  the 
bypass  mode,  the  frequency  of  high  pass  filter  408 
is  merely  shifted  from  1.1  KHz  down  to  300  Hz, 
thereby  providing  further  attenuation  for  the  sub- 
audible  control  signals.  The  change  in  the  corner 
frequency  of  high  pass  filter  408  from  1.1  KHz  to 
300  Hz  is  accomplished  by  changing  the  clock 
frequency  at  the  control  input  of  filter  408.  Although 
a  switched  capacitor  filter  provides  a  convenient 
way  of  controlling  the  mode  of  the  filter,  other  well 
known  filter  types  are  also  suitable. 

A  linear  taper  rotory  potentiometer  414  has  one 
end-terminal  connected  to  ground  and  the  other 
connected  to  a  source  of  positive  voltage.  The 
wiper-terminal  of  potentiometer  414  is  connected  to 
the  input  of  an  analog-to-digital  converter  416.  The 
number  of  bits  in  A/D  converter  416  determines  the 
number  of  steps  that  can  be  selected  in  attenuator 
406  and,  in  the  preferred  embodiment,  it  has  8  bits. 
The  output  of  A/D  converter  416  is  connected  to  an 
input  port  of  a  microcomputer  418. 

Microcomputer  418  is  preferably  a  low  power 
CMOS  8  bit  microcomputer  and  in  the  preferred 
embodiment  a  Motorola  MC1468HC11  microcom- 
puter  is  used.  One  output  port  of  microcomputer 
418  is  connected  to  the  control  input  of  attenuator 
406  while  another  output  is  connected  to  the  con- 
trol  input  of  high  pass  filter  408.  Microcomputer 
418  contains  well  known  "look  up"  table  software 
that  selects,  based  on  the  rotation  angle  of  volume 
control  414,  a  particular  attenuation  for  attenuator 
406  and  a  particular  mode  for  filter  408.  More 
particularly,  the  microcomputer  reads  the  rotation 
angle  of  the  volume  control  (actually,  the  binary 
output  of  the  A/D  converter  which  corresponds 
directly  to  the  rotation  angle),  looks  up  the  cor- 
responding  step  attenuator  setting  and  filter  mode 
in  the  table,  and  then  sets  the  attenuator  and  filter 
accordingly.  Mathematically,  the  look-up  table  for 
the  attenuator  descretely  emulates  the  thick  curve 
of  Fig.  2a.  For  the  filter,  the  look-up  table  simple 
activates  the  filter  above  rotation  angle  202  and 
bypasses  the  filter  below  that  angle,  as  illustarted 
in  Fig.  2a. 

In  operation,  step  attenuator  406  provides  a 
variable  gain  means  for  varying  the  amplitude  of 
the  electrical  speech  signal  that  appears  at  the 
demodulator  output  of  radio  front  end  404.  Micro- 
computer  418  provides  a  controlling  means  for 
controlling  the  gain  of  attenuator  406  and  the  mode 
of  filter  408.  Potentiometer  414  provides  a  volume 
selecting  means  for  selecting  the  volume  of  speech 
emitted  from  the  speaker  as  a  function  of  the 
rotation  of  the  potentiometer. 

When  a  low  volume  is  selected  by  appropriate 
rotation  of  volume  control  414,  the  analog  voltage 
that  appears  on  the  wiper  of  potentiometer  414  is 
converted  to  an  8  bit  digital  signal  by  A/D  converter 

416  and  then  coupled  to  microcomputer  418. 
Microcomputer  418  sends  an  appropriate  control 
signal  to  step  attenuator  406  wherein  the  gain  will 
be  set  at  a  predetermined  level.  For  low  volumes, 

5  microcomputer  418  places  filter  408  in  the  bypass 
mode  wherein  the  output  of  attenuator  406  is  es- 
sentially  coupled  directly  to  the  input  of  speech 
amplifier  410. 

When  volume  control  414  is  advanced  slightly, 
io  the  output  of  A/D  converter  416  is  incremented  and 

microcomputer  418  correspondingly  sends  the  new 
control  signal  to  step  attenuator  406  to  increase  the 
gain  by  approximately  0.25  dB.  Thus,  as  volume 
control  414  is  advanced,  microcomputer  418  cor- 

15  respondingly  increases  the  gain  of  step  attenuator 
406.  Eventually,  the  gain  of  step  attenuator  406  will 
be  sufficiently  large  such  that  speech  amplifier  410 
will  be  at  a  minimum  clipping  level. 

When  volume  control  414  is  advanced  such 
20  that  the  volume  is  12  dB  beyond  this  minimum 

clipping  level,  microcomputer  418  switches  filter 
408  into  the  active  mode  wherein  the  filter  assumes 
a  two  pole  response  with  a  1.1  KHz  corner  fre- 
quency.  If  step  attenuator  406  were  not  adjusted 

25  when  filter  408  is  switched  to  the  active  mode,  a 
marked  decrease  in  the  volume  emitted  from 
speaker  412  would  be  perceptible  to  the  listener. 
Accordingly,  when  filter  408  is  switched  to  the 
active  mode,  microcomputer  418  commands  at- 

30  tenuator  406  to  increase  the  gain  by  a  step  of  6 
dB.  (The  particular  increase  in  gain  of  6  dB  has 
been  determined  experimentally  by  repetitive  lis- 
tener  tests.)  Thus,  a  decrease  in  perceived  loud- 
ness  at  speaker  412  that  would  have  been  caused 

35  by  the  switching  of  filter  408  to  the  active  mode,  is 
compensated  by  a  step  increase  in  gain  in  at- 
tenuator  406.  Accordingly,  the  perceived  loudness 
at  speaker  412  appears  to  smoothly  and  continu- 
ously  increase  as  volume  control  414  is  advanced. 

40  The  response  of  the  present  invention  is  illus- 
trated  by  the  thick  line  in  the  graphs  of  Figs.  2a,  b 
and  c.  Referring  to  Fig.  2a,  it  should  be  evident  that 
there  is  a  smooth  and  continuous  increase  at  the 
output  of  step  attenuator  406  as  the  volume  control 

45  is  advanced  up  to  point  202.  At  point  202,  speech 
amplifier  410  is  approximately  12  dB  beyond  the 
minimum  clipping  level  and  high  pass  filter  408  is 
switched  to  the  active  mode.  Simultaneously, 
microcomputer  418  commands  attenuator  406  to 

50  step  its  output  voltage  by  6  dB.  As  volume  control 
414  is  advanced  beyond  point  202,  the  output  of 
step  attenuator  406  again  has  a  smooth  and  con- 
tinuously  increasing  response.  The  thin  line  in  Fig. 
2a  illustrates  the  output  of  potentiometer  104  of 

55  Fig.  1  to  provide  a  direct  comparison  to  the  output 
of  step  attenuator  406  of  the  present  invention. 

Referring  to  Fig.  2b,  the  perceived  loudness  of 
the  present  invention  and  the  prior  art  circuit  are 
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essentially  identical  up  to  point  202  (the  thick  and 
thin  lines  have  been  shown  separated  in  the  figure 
for  clarity,  but  in  actuality  the  curves  are  essentially 
identical  to  the  left  of  point  202).  At  point  202,  the 
prior  art  circuit  is  well  into  clipping  and  a  further 
increase  in  the  signal  level  at  the  input  of  speech 
amplifier  106  does  not  substantially  increase  the 
perceived  loudness  at  speaker  108.  In  the  pre- 
ferred  embodiment,  however,  filter  408  is  switched 
in  at  point  202  and  the  perceived  loudness  at 
speaker  412  increases  as  volume  control  414  is 
advanced  beyond  point  202.  Fig.  2c  similarly  illus- 
trates  that  the  distortion  of  the  prior  art  circuit 
increases  rapidly  as  the  volume  control  is  ad- 
vanced  beyond  point  202  while  the  distortion  of  the 
present  invention  increases  at  a  much  lower  rate. 

The  theory  of  operation  of  the  present  inven- 
tion  is  best  understood  by  referring  to  Fig.  3.  In 
Fig.  3,  a  frequency  response  of  a  typical  human 
voice  is  illustrated.  As  previously  explained,  this 
response  has  peaks  302,  304  and  306  which  are 
respectively  referred  to  as  first,  second  and  third 
formants.  First  formant  302  is  primarily  responsible 
for  speaker  recognition,  while  second  and  third 
formants  304  and  306  are  responsible  for  word  and 
syllable  recognition  Because  first  formant  302  is 
centered  at  approximately  700  Hz  and  second  for- 
mant  304  is  centered  at  approximately  1500  Hz, 
the  switching  of  filter  408  to  the  active  mode  only 
attenuates  first  formant  302.  Because  second  and 
third  formants  304  and  306  are  not  attenuated  by 
the  activation  of  filter  408,  no  intelligibility  is  lost, 
however,  speaker  recognition  may  be  degraded 
slightly. 

Accordingly,  for  a  given  speech  amplifier  the 
invention  of  Fig.  4  is  capable  of  increasing  the 
perceived  loudness  at  the  speaker  and,  simulta- 
neously,  reducing  the  distortion  at  higher  volumes 
levels.  This  circuit  is  primarily  useful  in  battery 
operated  radio  receivers  wherein  the  maximum 
power  capability  of  the  speech  amplifier  is  typically 
limited  to  conserve  battery  charge.  Obviously,  if  an 
unlimited  power  source  is  available  an  increase  in 
the  perceived  loudness  could  be  accomplished 
merely  by  increasing  the  maximum  power  capabil- 
ity  of  the  speech  amplifier. 

Claims 

1.  A  speech  amplifier  circuit  for  a  battery  power- 
ed  radio  receiver,  comprising  in  combination: 

variable  gain  means  (406)  for  varying  the 
amplitude  of  an  electrical  speech  signal,  said 
variable  gain  means  having  a  control  input  for 
selecting  the  amplitude  of  said  electrical 
speech  signal; 

a  high  pass  filter  (408)  coupled  to  said 
variable  gain  means  (406),  said  filter  (408)  hav- 

ing  active  and  bypass  modes  and  a  control 
input  for  selecting  one  of  said  modes; 

a  speech  amplifier  (410)  coupled  to  said 
filter; 

5  a  speaker  (412)  coupled  to  said  amplifier; 
volume  selecting  means  (414)  for  selecting 

the  volume  of  speech  emitted  from  said  speak- 
er  (412);  and 

controlling  means  (418),  coupled  to  said 
io  volume  selecting  means  (414),  for  controlling 

said  variable  gain  means  (406)  and  said  filter 
(408); 

whereby,  said  active  mode  of  said  filter 
(408)  is  selected  by  said  controlling  means 

is  (418)  when  said  volume  selecting  means  (414) 
is  advanced  to  a  predetermined  level  and,  si- 
multaneously,  said  variable  gain  means  (406) 
is  adjusted  by  said  controlling  means  (418)  to 
have  a  step  increase  in  the  amplitude  of  said 

20  electrical  speech  signal. 

2.  The  speech  amplifier  circuit  of  claim  1, 
wherein: 

said  filter  (408)  has  a  corner  frequency  of 
25  substantially  1  .1  KHz;  and 

said  step  increase  in  the  amplitude  of  said 
electrical  speech  signal  is  substantially  6dB. 

Patentanspruche 
30 

1.  Sprachverstarker-Schaltung  fur  einen  batterie- 
betriebenen  Rundfunkempfanger,  welche  in 
Kombination  umfaBt: 
variables  Gewinnmittel  (406)  zum  Verandern 

35  der  Amplitude  eines  elektrischen  Sprachsi- 
gnals,  wobei  das  variable  Gewinnmittel  einen 
Steuereingang  zum  Auswahlen  der  Amplitude 
des  elektrischen  Sprachsignals  besitzt; 
ein  mit  dem  variablen  Gewinnmittel  (406)  ge- 

40  koppeltes  HochpaBfilter  (408),  welches  Filter 
(408)  Aktiv-Betriebsart  und  Umgehungsbe- 
triebsart  und  einen  Steuereingang  zum  Aus- 
wahlen  einer  der  Betriebsarten  besitzt; 
einen  mit  dem  Filter  gekoppelten  Sprachver- 

45  starker  (410); 
einen  mit  dem  Verstarker  gekoppelten  Laut- 
sprecher  (412); 
Lautstarkewahlmittel  (414)  zum  Auswahlen  der 
Lautstarke  der  von  dem  Lautsprecher  (412) 

50  ausgegebenen  Sprache;  und 
mit  dem  Lautstarkeauswahlmittel  (414)  gekop- 
peltes  Steuermitel  (418)  zum  Steuern  des  vari- 
ablen  Gewinnmittels  (406)  und  des  Filters 
(408); 

55  wodurch  die  Aktiv-Betriebsart  des  Filters  (408) 
durch  das  Steuermittel  (418)  ausgewahlt  wird, 
denn  das  Lautstarkeauswahlmittel  (414)  auf  ein 
vorbestimmten  Pegel  vorgeschoben  wird  und 

4 
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gleichzeitig  das  variable  Gewinnmittel  (406) 
durch  das  Steuermittel  (418)  eingestellt  wird, 
einen  stufenweisen  Anstieg  der  Amplitude  des 
elektrischen  Sprachsignals  zuzulassen. 

5 
Sprachverstarkerschaltung  nach  Anspruch  1, 
bei  der: 
das  Filter  (408)  eine  Eckfrequenz  von  im  we- 
sentlichen  1,1  kHz  besitzt;  und 
der  stufenweise  Anstieg  der  Amplitude  des  10 
elektrischen  Sprachsignals  im  wesentlichen  6 
dB  betragt. 

Revendicatlons 
75 

Circuit  amplificateur  de  signaux  vocaux  pour 
recepteur  radio  alimente  par  batterie  electri- 
que,  qui  comprend,  en  combinaison  : 

un  moyen  (406)  a  gain  variable,  servant  a 
faire  varier  I'amplitude  du  signal  vocal  electri-  20 
que,  ledit  moyen  a  gain  variable  ayant  une 
entree  de  commande  servant  a  selectionner 
I'amplitude  dudit  signal  vocal  electrique  ; 

un  filtre  passe-haut  (408)  couple  audit 
moyen  a  gain  variable  (406),  ledit  filtre  (408)  25 
ayant  des  modes  actif  et  derive  et  une  entree 
de  commande  servant  a  selectionner  I'un  des- 
dits  modes  ; 

un  amplificateur  de  signaux  vocaux  (410) 
couple  audit  filtre  .  30 

un  haut-parleur  (412)  couple  audit  amplifi- 
cateur  ; 

un  moyen  (414)  de  selection  de  volume 
servant  a  selectionner  le  volume  du  signal 
vocal  emis  par  ledit  haut-parleur  (412)  ;  et  35 

un  moyen  de  commande  (418),  couple  au- 
dit  moyen  de  selection  (414),  afin  de  comman- 
der  ledit  moyen  a  gain  variable  (406)  et  ledit 
filtre  (408)  ;  si  bien  que  ledit  mode  actif  dudit 
filtre  (408)  est  selectionne  par  ledit  moyen  de  40 
commande  (418)  lorsque  ledit  moyen  de  se- 
lection  de  volume  (414)  a  ete  avance  jusqu'a 
un  niveau  predetermine  et,  simultanement,  le- 
dit  moyen  a  gain  variable  (406)  est  ajuste  par 
ledit  moyen  de  commande  (418)  de  fagon  a  45 
presenter  une  augmentation  en  gradins  de 
I'amplitude  dudit  signal  vocal  electrique. 

Circuit  amplificateur  de  signaux  vocaux  selon 
la  revendication  1  ,  ou  :  50 

ledit  filtre  (408)  possede  un  coude  de  fre- 
quence  sensiblement  de  1,1  kHz  ;  et 

ledit  gradin  d'augmentation  de  I'amplitude 
dudit  signal  vocal  electrique  est  sensiblement 
de  6  dB.  55 
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