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@  The  presence  of  a  supervisory  audio  tone 
signal  (SAT),  superimposed  on  a  voice/data  sig- 
nal  transmitted  in  a  cellular  telephone  system,  is 
carried  out  by  first  deleting  (by 
12,14,16,18,20,22)  the  voice/data  signal,  leaving 
only  the  SAT  signal.  Thereafter,  the  SAT  signal 
power  and  noise  power  are  determined  (by 
24,26,28,30,32,34  ;  and  36,38,40,42,  respect- 
ively).  During  intervals  when  the  SAT  signal 
rises  and  falls,  the  SAT  noise  power  and  signal 
power  move  in  opposite  directions.  By  compar- 
ing  (in  44)  the  SAT  noise  power  to  the  SAT 
signal  power,  a  fast,  accurate  determination 
can  be  made  as  to  whether  the  SAT  signal  is 
present. 
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Technical  Field 

Th  is  in  vention  descri  bes  a  tech  n  iq  ue  for  detecti  ng 
the  presence  of  a  supervisory  audio  tone  superim- 
posed  on  a  voice/data  signal. 

Background  of  the  Invention 

Cellular  telephony  is  based  on  the  concept  of  div- 
iding  a  geographical  area  into  a  plurality  of  individual 
sub-areas  or  "cells.  "  Situated  within  each  cell  is  a 
base  station  containing  at  least  one  receiver  and 
transmitter  pair  (i.e.,  a  radio  channel  unit)  tuned  to  a 
particular  frequency  (channel)  for  communicating 
with  a  mobile  terminal,  also  tuned  to  receive  and 
transmit  on  that  channel.  Typically,  the  mobile  termi- 
nal  is  carried  in  a  vehicle  in  transit  within  that  cell.  As 
the  vehicle  containing  the  mobile  terminal  travels 
from  one  cell  into  another,  the  call  between  the  mo- 
bile  terminal  and  the  cell  site  base  station  is  "handed- 
off  (i.e.,  transferred)  to  the  base  station  of  the  new 
cell. 

In  order  to  determine  whether  the  mobile  termi- 
nal  remains  in  communication  with  the  base  station, 
or  if  not,  whether  to  hand-off  the  call  from  one  base 
station  to  another,  the  cell  site  transmits  a  Superviso- 
ry  Audio  Tone  (SAT)  signal  superimposed  on  its 
voice/data  signal  and  the  mobile  terminal  transponds 
theSATsignal  backtothe  cell  site.  For  so  long  asthe 
base  station  receives  the  SAT  signal,  the  base  station 
knows  that  it  is  in  communication  with  the  mobile  ter- 
minal.  The  SAT  signal  presence  is  currently  detected 
by  monitoring  the  power  of  the  signal.  When  the  pow- 
er  of  the  SAT  signal  exceeds  a  predetermined  thresh- 
old,  the  SAT  signal  is  deemed  to  be  present.  Con- 
versely,  if  the  power  of  the  SAT  signal  is  below  the 
threshold,  the  SAT  signal  is  deemed  to  be  absent. 

While  this  method  is  effective  for  detecting  the 
presence  of  the  signal,  in  practice,  the  time  required 
to  detect  the  SAT  signal  in  this  manner  has  been 
found  to  be  excessive.  In  order  to  reliably  detect  the 
presence  of  an  SAT  signal  by  monitoring  its  power, 
the  signal  power  measurement  must  be  reliable  and 
stable.  As  a  consequence,  some  processing  delay  is 
invariably  involved.  The  delay  incurred  in  detecting 
the  presence  of  an  SAT  signal  tends  to  cause  long 
mute  times  during  call  hand-offs,  which  is  disadvan- 
tageous.  When  a  call  is  to  be  handed  off  between 
base  stations,  the  mobile-to-land  portion  of  the  call  is 
muted  briefly  to  eliminate  undesirable,  unquiet  receiv- 
er  noise  when  the  mobile  terminal  switches  channels. 

At  the  base  station,  the  radio  channel  unit  com- 
mences  the  muting  when  the  mobile  terminal  con- 
firms  the  hand-off  order  on  the  old  channel.  The  radio 
channel  unit  at  the  new  base  station  unmutes  the 
voice  signal  when  it  confirms  the  presence  of  the  SAT 
signal  from  the  mobile  terminal  on  the  new  channel. 
The  length  of  the  muting  interval  is  determined  by  the 

time  required  to  detect  the  presence  of  the  SAT  sig- 
nal. 

The  length  of  time  spent  in  detecting  the  absence 
of  an  SAT  signal,  such  as  when  a  mobile  terminal  ab- 

5  normally  terminates  a  call,  is  also  disadvantageous, 
as  it  may  lead  to  excessive  noise.  When  a  mobile  ter- 
minal  abnormally  terminates  a  call,  the  land-based 
party  will  hear  unquiet  receiver  noise  before  the  base 
station  senses  the  absence  of  the  SAT  signal  and  ter- 

10  minates  the  call.  The  longer  the  time  required  to  de- 
tect  the  absence  of  the  SAT  signal,  the  longer  the  dur- 
ation  of  the  noise. 

Thus,  there  is  a  need  fora  technique  for  more  rap- 
idly  detecting  the  presence  and  absence  of  an  SAT 

15  signal. 

Summary  of  the  Invention 

Briefly,  in  accordance  with  the  invention,  a  tech- 
20  nique  is  disclosed  for  detecting  the  presence  or  ab- 

sence  of  a  supervisory  audio  tone  superimposed  on 
a  voice/data  signal  as  recited  in  claim  2. 

Brief  Description  of  the  Drawing 
25 

FIGURE  1  is  a  symbolic  block  schematic  diagram 
of  a  circuit  in  accordance  with  the  invention  for 
detecting  the  noise  powerand  signal  power  of  an 
SAT  signal; 

30  FIGURE  2  is  a  graphical  representation  of  the 
magnitude  of  SAT  noise  power  and  SAT  signal 
power  versus  time  as  the  SAT  signal  power  rises; 
and 
FIGURE  3  is  a  graphical  representation  of  the 

35  magnitude  of  SAT  noise  power  and  SAT  signal 
power  versus  time  as  the  SAT  signal  power  falls. 

Detailed  Description 

40  FIGURE  1  is  a  symbolic  block  schematic  diagram 
of  a  circuit  10,  in  accordance  with  the  invention,  for 
detecting  the  presence  of  a  Supervisory  Audio  Tone 
(SAT)  signal  superimposed  on  a  voice/data  signal 
transmitted  by  a  mobile  cellular  telephone  terminal 

45  (not  shown).  For  ease  of  description,  the  circuit  10  of 
FIG.  1  is  depicted  as  a  plurality  of  discrete  elements, 
each  performing  a  specific  function  as  described  be- 
low.  In  actuality,  the  circuit  10  is  typically  comprised 
of  a  single  digital  signal  processor,  such  as  an  AT&T 

so  DSP  16  digital  signal  processor,  which  is  programmed 
to  carry  out  the  functions  separately  performed  by 
each  element  shown  in  FIG.  1. 

The  circuit  10  comprises  a  complex  mixer  12,  in 
the  form  of  a  multiplier,  which  is  supplied  from  a  CO- 

55  DEC  (not  shown)  with  periodic  samples  of  a  received 
voice/data  signal  on  which  the  SAT  signal  is  superim- 
posed.  In  practice,  the  CODEC  samples  the  received 
voice/data  signal  at  a  rate  of  16,000  Hz,  although 

2 
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other  sampling  rates  are  possible.  The  mixer  12  op- 
erates  by  multiplying  the  voice/data  signal  sample  by 
the  terms  cos  2nf^njfs^)  +j  sin  2jif1n1/fs1)  where   ̂ is 
set  to  be  -6000  Hz  and  fs1  =  16,000  Hz.  By  performing 
these  multiplications,  the  complex  mixer  12  effective- 
ly  shifts  the  incoming  sample  to  a  DC  value  or  30  Hz 
away  from  DC  depending  on  the  SAT  frequency.  This 
value  is  referred  to  as  an  approximate  DC  value. 

Note  that  the  value  of   ̂ in  the  multiplication 
terms  will  differ  for  SAT  signals  at  a  different  frequen- 
cy.  By  the  same  token,  the  denominator  of  each  of  the 
multiplication  terms  will  also  differ  for  a  different  CO- 
DEC  sampling  rate,  Typically,  the  multiplications  are 
performed  using  a  look-up  table.  Because  of  the  re- 
petitive  nature  of  the  16,000  Hz  cycle  numbers,  only 
eight  separate  numbers  are  required  to  perform  the 
necessary  multiplications. 

The  complex  mixer  12  generates  real  and  imag- 
inary  output  signals  which  are  each  subjected  to  an 
8:1  decimation  by  a  separate  one  of  a  pair  of  decima- 
tors  14  and  16,  respectively.  The  outputsignal  of  each 
of  the  decimators  14  and  16  is  subjected  to  a  5:1  dec- 
imation  by  a  separate  one  of  a  pair  of  decimators  18 
and  20,  respectively.  The  effect  of  the  8:1  and  5:1 
decimations  on  the  complex  mixer  12  output  signals 
is  to  low-pass  filter  such  signals  and  thereby  effec- 
tively  reducing  the  sampling  rate  and  removing  the 
voice/data  portion  of  the  sampled  signal,  leaving  only 
the  SAT  signal  portion. 

The  output  signal  of  each  of  the  decimators  18 
and  20  is  input  to  a  second  complex  mixer  22  which 
multiples  each  decimator  output  signal  by  a  separate 
one  of  the  terms  cos(2nf2n2lfs2  +  /sin  2nf2n2lfs2)  where 
f2  =  -30,  0  or  30  depending  on  whether  the  incoming 
SAT  signal  is  expected  to  be  at  a  frequency  of  5970, 
6000  or  6030  Hz,fs2  =  400  Hz  and  n2  is  a  separate  one 
of  a  set  of  400  Hz  cycle  numbers.  Note  that  the  com- 
plex  mixing  functions  performed  by  the  mixers  12  and 
22  could  be  performed  by  a  single  mixer,  but  it  is  use- 
ful  to  perform  these  functions  separately,  when  im- 
plementing  the  circuit  10  using  a  digital  signal  proc- 
essor,  in  order  to  reduce  the  required  table  size.  If  the 
input  signal  to  the  second  mixer  22  is  a  constant  tone 
at  the  correct  frequency  (i.e.,  the  SAT  signal  is  at  the 
expected  frequency  and  has  been  successfully  strip- 
ped  from  the  voice/data  signal),  then  the  complex 
mixer  22  outputs  a  pair  of  constants. 

The  real  and  imaginary  output  signals  generated 
by  the  complex  mixer  22  are  supplied  to  a  separate 
one  of  a  pair  of  5:1  decimators  24  and  26  which  serve 
to  decimate  the  real  and  imaginary  complex  mixer 
output  signals,  respectively,  from  the  complex  mixer 
so  as  to  effectively  average  theirvalue.  Each  of  a  pair 
of  low-pass  filters  28  and  30  low-pass  filters  a  sepa- 
rate  one  of  the  decimator  24  and  26  output  signals.  A 
summing  block  32  first  calculates  the  square  of  the 
output  signal  of  a  separate  one  of  the  decimators  28 
and  30  and  then  sums  the  squared  signal  values.  The 

output  of  the  summing  block  32  is  filtered  by  an  infin- 
ite-impulse-response,  low-pass  filter  34  which  yields 
an  output  signal  indicative  of  the  SAT  signal  power. 

To  obtain  an  indication  of  the  SAT  signal  noise 
5  power,  the  output  signals  of  the  complex  mixer  22  are 

input  to  a  separate  one  of  a  pair  of  difference  blocks 
36  and  38  which  each  serve  to  establish  the  differ- 
ence  between  successive  ones  of  the  complex  mixer 
22  real  and  imaginary  output  signals,  respectively,  to 

10  obtain  a  measure  of  the  noise  level. 
The  difference  computation  function  performed 

by  the  blocks  36  and  38  needs  to  be  performed  at  a 
sufficiently  high  sampling  rate  to  capture  wide-band 
noise  without  incurring  sizable  delays  in  signal  proc- 

15  essing.  While  a  very  high  sampling  rate  could  be  ob- 
tained  by  supplying  the  blocks  36  and  38  with  the  out- 
put  signal  from  the  mixer  12,  the  processing  time 
would  be  high.  For  this  reason,  the  difference  blocks 
are  supplied  with  signals  from  the  mixer  22. 

20  The  outputsignal  of  each  of  the  difference  blocks 
36  and  38  is  input  to  a  summing  block  40,  which,  like 
the  summing  block  32,  serves  to  determine  the 
square  of  each  of  the  input  signals  supplied  thereto, 
and  then  compute  the  sum  of  the  squared  signal  val- 

25  ues.  The  output  signal  of  the  summing  block  40  is  in- 
put  to  a  finite-impulse-response  and  infinite-impulse- 
response,  low-pass  filter  42  which  yields  an  output 
signal  indicative  of  the  SAT  signal  noise. 

When  attempting  to  compare  the  noise  power  to 
30  the  signal  power,  it  is  useful  to  "smooth"  each  of  these 

quantities,  hence  the  use  of  the  filters  34  and  42.  In 
filtering  the  noise  power,  it  is  especially  useful  to  con- 
figure  the  filter  42  as  a  combined  Finite  Impulse  Re- 
sponse  (FIR)  and  Infinite  Impulse  Response  (MR)  fil- 

35  ter.  During  the  interval  that  the  noise  power  is  greater 
than  the  signal  power,  the  output  of  the  filter  42 
should  fluctuate  directly  with  the  noise  power.  Thus, 
during  this  interval,  the  filter  42  acts  as  an  FIR  filter 
as  opposed  to  an  MR  filter  because  the  FIR  filter  af- 

40  fords  the  advantage  of  greater  linearity  as  compared 
to  MR  filters. 

Once  the  signal  power  exceeds  the  noise  power 
(i.e.,  the  output  of  the  FIR  <  signal  power),  it  is  then 
desirable  for  the  filter  42  to  act  as  an  MR  filter,  as  such 

45  filters  offersharper  cutoff  than  FIRfilters.Tothisend, 
when  the  signal  power  exceeds  the  noise  power,  the 
filter  42  becomes  an  MR  filter  whose  state  variable 
corresponds  to  the  previous  FIR  output  signal. 

The  output  signals  of  the  filters  34  and  42,  repre- 
50  senting  the  SAT  signal  power  and  noise  power,  re- 

spectively,  are  input  to  a  comparator  44  which  com- 
pares  the  SAT  signal  power  to  the  SAT  signal  noise 
to  determine  whether  the  SAT  signal  is  present. 

To  appreciate  how  the  above-described  circuit  1  0 
55  yields  a  more  rapid  determination  of  the  SAT  signal 

presence  than  the  prior-art  technique  of  comparing 
the  SAT  signal  power  to  a  fixed  threshold,  reference 
should  be  had  to  FIGS.  2  and  3.  FIGURE  2  shows  a 

3 
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plot  of  the  SAT  signal  power  and  SAT  signal  noise  ver- 
sus  time  during  the  interval  in  which  the  SAT  signal 
power  rises.  During  this  interval,  the  SAT  signal  pow- 
er  and  SAT  signal  noise  move  in  opposite  directions, 
crossing  over  after  approximately  80  milliseconds. 
The  SAT  signal  power  curve  crosses  a  fixed  constant, 
representing  a  minimum  SAT  power  threshold  previ- 
ously  used  for  SAT  signal  detection,  after  approxi- 
mately  250  milliseconds.  As  may  be  appreciated  form 
FIG.  2,  the  SAT  signal  power  curve  crosses  the  SAT 
signal  noise  power  curve  at  an  earlier  interval  than 
when  the  SAT  signal  power  curve  reached  a  fixed 
threshold.  Thus,  comparing  the  SAT  signal  power  to 
the  SAT  noise  power  allows  for  more  rapid  SAT  detec- 
tion. 

FIGURE  3  shows  the  SAT  signal  power  and  SAT 
noise  power  curves  during  the  interval  when  the  SAT 
signal  falls  off.  As  in  the  case  of  FIG.  2,  the  SAT  signal 
power  curve  crosses  the  SAT  signal  noise  curve  after 
approximately  300  milliseconds.  In  contrast,  the  SAT 
signal  power  curve  does  not  drop  below  a  fixed  con- 
stant,  representing  the  minimum  threshold  for  SAT 
detection,  until  after  approximately  650  milliseconds. 
Thus,  the  SAT  detection  fall  time  is  reduced  by  using 
the  cross  over  point  of  the  SAT  signal  power  and  SAT 
noise  power  curves  in  accordance  with  the  technique 
of  the  invention,  in  contrast  to  comparing  the  SAT  sig- 
nal  power  to  a  fixed  threshold  value. 

The  foregoing  describes  a  technique  for  detecting 
the  presence  of  an  SAT  signal  superimposed  on  a 
voice/data  signal  by  first  determining  the  SAT  signal 
power  and  noise  power,  and  then  comparing  these 
quantities  to  detect  the  presence  of  the  SAT  signal. 

It  is  to  be  understood  that  the  above-described 
embodiments  are  merely  illustrative  of  the  principles 
of  the  invention.  Various  modifications  and  changes 
may  be  made  thereto  by  those  skilled  in  the  art  which 
will  embody  the  principles  of  the  invention  and  fall 
within  the  spirit  and  scope  thereof. 

Claims 

signal  is  indeed  present. 

2.  The  method  according  to  claim  1  CHARACTER- 
IZED  IN  THAT  the  voice/data  signal  is  deleted 

5  from  the  combined  voice/data  signal  and  SAT  sig- 
nal  sample  by  the  steps  of: 

(a)  shifting  the  combined  voice/data  signal 
and  SAT  signal  sample  to  an  approximate  DC 
value; 

10  (b)  low-pass  filtering  the  approximate  DC  val- 
ue;  and 
(c)  shifting  the  approximate  DC  value  to  a  pre- 
scribed  frequency  depending  on  the  original 
frequency  of  the  SAT  signal. 

15 
3.  The  method  according  to  claim  2  CHARACTER- 

IZED  IN  THAT  the  step  of  shifting  the  combined 
voice/data  signal  and  SAT  signal  sample  to  an  ap- 
proximate  DC  value  comprises  the  step  of  per- 

20  forming  a  complex  mixing  operation  thereon. 

4.  The  method  according  to  claim  2  CHARACTER- 
IZED  IN  THAT  the  low-pass  filtering  step  is  per- 
formed  by  performing  at  least  one  decimation  op- 

25  eration  on  the  approximate  DC  value. 

5.  The  method  according  to  claim  4  CHARACTER- 
IZED  IN  THAT  the  low-pass  filtering  step  is  car- 
ried  out  by  performing  a  pair  of  successive  deci- 

30  mations. 

6.  The  method  according  to  claim  2  CHARACTER- 
IZED  IN  THAT  the  step  of  determining  the  SAT 
signal  power  comprises  the  steps  of: 

35  (a)  low-pass  filtering  the  frequency-shifted, 
approximate  DC  value; 
(b)  squaring  the  low-pass-filtered,  frequency- 
shifted,  approximate  DC  value;  and 
(c)  subjecting  the  square  of  the  low-passed- 

40  filtered,  frequency-shifted  DC  value  to  a  low- 
pass  filtering  operation  by  a  an  infinite-im- 
pulse-response  low-pass  filter. 

1  .  A  method  for  detecting  the  presence  of  a  Super- 
visory  Audio  Tone  (SAT)  signal  superimposed  on  45 
a  voice/data  signal,  which  combined  signal  is  per- 
iodically  sampled,  CHARACTERIZED  BY  the 
steps  of: 

(a)  deleting  the  voice/data  signal  from  a  sam- 
ple  containing  the  combined  voice/data  signal  so 
and  SAT  signal  so  that  only  the  SAT  signal  re- 
mains; 
(b)  determining  the  signal  power  of  the  SAT 
signal; 
(c)  determining  the  noise  power  of  the  SAT  55 
signal;  and 
(d)  comparing  the  signal  power  to  the  noise 
power  of  the  SAT  signal  to  detect  if  the  SAT 

7.  The  method  according  to  claim  6  CHARACTER- 
IZED  IN  THAT  the  step  of  determining  the  SAT 
noise  power  comprises  the  steps  of: 

detecting  the  difference  between  first  and 
second  frequency-shifted,  approximate  DC  val- 
ues  associated  with  first  and  second  successive 
samples  of  the  voice/data  signal  and  SAT  signal, 
respectively; 

determining  the  square  of  the  difference 
between  the  first  and  second  frequency-shifted 
approximate  DC  values;  and 

subjecting  the  square  of  the  difference  be- 
tween  the  first  and  second  frequency-shifted  ap- 
proximate  DC  values  to  a  finite-impulse-re- 
sponse  and  infinite-impulse-response  low-pass 

4 
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filtering  operation. 

8.  A  system  for  detecting  the  presence  of  a  Super- 
visory  Audio  Tone  (SAT)  signal  superimposed  on 
a  voice/data  signal,  which  combined  signal  is  per-  5 
iodically  sampled,  CHARACTERIZED  BY: 

means  (12,14,16,18,20,22)  for  deleting 
the  voice/data  signal  from  a  sample  of  the  com- 
bined  voice/data  signal  and  SAT  signal  so  that 
only  the  SAT  signal  remains;  10 

means  (24,26,28,30,32,34)  for  determin- 
ing  the  signal  power  of  the  remaining  SAT  signal; 

means  (36,38,40,42)  for  determining  the 
noise  power  of  the  remaining  SAT  signal;  and 

means  (44)  for  comparing  the  SAT  signal  15 
power  to  the  SAT  noise  power  to  detect  if  the  SAT 
signal  is  indeed  present. 

9.  The  apparatus  according  to  claim  8  CHARAC- 
TERIZED  IN  THAT  the  means  for  deleting  the  20 
voice/data  signal  from  the  combined  voice/data 
signal  and  SAT  signal  sample  comprises: 

a  first  complex  mixer  (1  2)  for  performing  a 
first  complex  mixing  operation  on  the  combined 
voice/data  signal  and  SAT  signal  sample  to  shift  25 
the  sample  to  an  approximate  DC  value 

decimating  means  (14,16,18,20)  for  low- 
pass  filtering  the  approximate  DC  value  pro- 
duced  by  the  complex  mixer;  and 

a  second  complex  mixing  means  (22)  for  30 
performing  a  second  complex  mixing  operation 
on  the  low-pass-filtered,  approximate  DC  value 
to  shift  the  frequency  thereof  in  accordance  with 
the  frequency  of  the  incoming  SAT  signal. 

35 
10.  The  apparatus  according  to  claim  9  wherein  the 

means  for  determining  the  SAT  signal  power 
comprises: 

low-pass  filtering  means  (24,26,28,30)  for 
low-pass  filtering  the  frequency-shifted,  approx-  40 
imate  DC  value; 

means  (32)  for  determining  the  square  of 
the  low-pass-filtered,  frequency-shifted,  approx- 
imate  DC  value;  and 

an  infinite-impulse  response  filter  (34)  for  45 
filtering  the  square  of  the  low-pass-filtered,  fre- 
quency-shifted,  approximate  DC  value. 

11.  The  apparatus  according  to  claim  9  wherein  the 
means  for  determining  the  SAT  noise  power  com-  50 
prises: 

means  (36,38)  for  determining  the  differ- 
ence  between  the  first  and  second  frequency- 
shifted,  approximate  DC  values  associated  with 
first  and  second  successive  samples  of  the  55 
voice/data  signal  and  SAT  signal,  respectively; 

means  (40)  for  determining  the  square  of 
the  difference  between  the  first  and  second  fre- 

quency-shifted,  approximate  DC  values  associ- 
ated  with  successive  combined  voice/data  signal 
and  SAT  signal  samples;  and 

an  infinite-impulse  and  finite-impulse  re- 
sponse  filter  (42)  forfiltering  the  square  of  the  dif- 
ference  between  the  low-pass-filtered,  frequen- 
cy-shifted,  approximate  DC  values  associated 
with  successive  combined  voice/data  signal  and 
SAT  signal  samples. 

5 
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