
EP 0 376 687 B1 Description This invention relates to voice switching
apparatus and methods of determining the type of acoustic environment in
which a voice signal controller is employed. The use of analog
speakerphones has been the primary hands free means of communicating during
a telephone conversation for a great number of years. This convenient
service has been obtained at the price of some limitations, however. These
speakerphones usually require careful and expensive calibration in order to
operate in an acceptable manner. They are also designed to operate in a
worst-case acoustic environment thereby sacrificing the improved
performance that is possible in a better acoustic environment. to    The
operation of conventional analog speakerphones is well known and is
described in an article by A. Busala, "Fundamental Considerations in the
Design of a Voice-Switched Speakerphone, "Bell System Technical Journal,
Vol. 39, No. 2, March 1960, pp 265-294. Analog speakerphones generally use
a switched-loss technique through which the energy of the voice signals in
both a transmit and a receive direction are sensed and a switching decision
made based upon that information. The voice signal having 15 the highest
energy level in a first direction will be given a clear talking path and
the voice signal in the opposite direction will be attenuated by having
loss switched into its talking path. If voice signals are not present in
either the transmit direction or the receive direction, the speakerphone
goes to an "at rest" mode which provides the clear talking path to voice
signals in a receive direction favoring speech from a distance speaker. In
some modern analog speakerphones, if voice signals are not present in
either the transmit direction or the receive direction, the speakerphone
goes to an idle mode where the loss in each direction is set to a mid-range
level to allow the direction wherein voice signals first appear to quickly
obtain the clear talking path. Most high-end analog speakerphones also have
a noise-guard circuit to adjust the switching levels according to the level
of background noise present. Switching speed is limited by a worst-case
time 25  constant that assures that any speech energy in the room has time
to dissipate. This limitation is necessary to prevent "self switching", a
condition where room echoes are falsely detected as near-end speech. A
disadvantage of this type of speakerphone is that no allowance is made for
a room that has good acoustics, i.e. low echo energy return and short
duration echoes. With the advent of echo cancelers, echo cancelling
speakerphones have become available in the art. 30  These speakerphones are
complex and expensive devices that, like the analog speakerphones, attempt
to maintain a balance in an inherently unstable environment. The echo
cancelling speakerphones available In the art require a user to initiate a
white noise start up sequence upon entering each telephone call. This white
noise burst into the environment is used by the echo canceller to develop a
frequency and phase response for the system loop. From this information, a
sampled-time impulse response for the loop is 35 developed, which includes
both the room acoustics and the hybrid response. This sampled-time impulse
response is a series of signed coefficients that when convolved with the
received signal will cancel this signal and yield only the desired.
transmit signal. In operation, the echo cancellers first determine this
impulse response, then invert it by changing the sign of each coefficient.
When the received signal Is passed through the inverted impulse response,
the received signal due to the echoes is cancelled. A difficulty associated
with building suitable echo cancelling speakerphones is that the acoustic
environment in which these speakerphones must operate is highly variable
and the hybrid environment will change with each call. In an ideal acoustic
and hybrid environment, the echo cancellers ought to be able to
characterize the system loop based solely on the users speech. Since such
an environment cannot generally be assured, the user is required to
initiate the disruptive white noise burst at the start of each call 45  to
initialize the echo cancellers. Although each of the above speakerphone
systems provide reasonable two-way hands free communica- tions for a user,
it is desirable to have an efficient and cost effective speakerphone
without the disadvan- tages and limitations associated with the operation
of these systems. U.S. Patent 4,571,461 discloses a telephone conference
apparatus which includes a noise generator 50  used to measure a loss due
to acoustic coupling between a loudspeaker and a microphone and to measure
a reverberation time which indicates how long a received signal amplified
by the loudspeaker is kept echoing in a conference room. A noise signal is
generated by the noise generator and the control circuit then uses this
signal to determine the acoustic coupling loss and the reverberation time
and then retains this signal as stored data. A pseudoecho signal is
time-serially attenuated with an exponential function and 55  Is added to
the received signal by processing the signal with respect to the stored
reverberation time data. The added signal controls the operation for
comparing the level detector outputs at a voice switching circuit to
minimize the difference between transmission reception changeover levels.
Losses in the communication paths are also selected on the basis of the
data representative of an acoustic coupling loss and a 2 



EP 0 376 587 B1 reverberation time. According to one aspect of this
invention there is provided voice switching apparatus as claimed In claim
1. According to another aspect of this invention there is provided a method
as claimed in claim 6. 5     In an embodiment of the invention, an acoustic
calibration circuit is employed in an adaptive speakerphone for accurately
determining the type of acoustic environment in which the speakerphone is
employed. The calibration circuit measures the acoustics of the room by
emitting a tone burst through a loudspeaker associated with the
speakerphone and measuring the returned time-domain acoustic response with
a microphone also associated with the speakerphone. 10     Obtained from
the time-domain acoustic response and processed by a computer in the
speakerphone are the maximum amplitude of the returned signal, and the
duration of the echoes. The amplitude of the returned signal determines
what level of transmit speech will be required to break in on receive
speech. The greater the acoustic return, the higher that threshold must be
to protect against self-switching. And the duration of the echoes determine
how quickly speech energy injected into the room will dissipate, which, In
is  turn, controls how fast the speakerphone can switch from a receive to a
transmit state. If the room acoustics are harsh, the speakerphone adapts by
keeping its switching response comparable with that of a typical analog
speakerphone. If acoustics are favourable, however, it speeds up the
switching time, lowers both the break in thresholds and the total amount of
inserted switched loss. Thus in operation, if the speakerphone is located
in a good acoustic environment, the total amount of 20  switched loss
required can be significantly less than worst case. Also the decrease in
switched loss while in a good acoustic environment provides the user with
noticeably more transparent performance. Brief Description of the Drawing
25    FIG. 1 is a block representation of the major functional components
of a computer controlled adaptive speakerphone embodying the invention;
FIG. 2 is a partial schematic of the speakerphone including a calibration
circuit, an amplifier for remotely provided speech signals, a microphone
and an associated amplifier and multiplexers; FIG. 3 is a partial schematic
of the speakerphone including mute controls and high pass filters; 30
FIG. 4 is a schematic of a programmable attenuator and a low pass filter
employed in the transmit section; FIG. 5 is a schematic of a programmable
attenuator and a low pass filter employed in the receive section; FIG. 6
depicts a general speakerphone circuit and two type of coupling that most
affect its operation; 35    FIG. 7 is a state diagram depicting the three
possible states of the speakerphone of FIG. 1; FIG. 8 depicts a flow chart
illustrating the operation of the speakerphone of FIG. 1 in determining
whether to remain in an idle state or move from the idle state to a
transmit or a receive state; FIG. 9 depicts a flow chart illustrating the
operation of the speakerphone of FIG. 1 1n determining whether to remain in
the transmit state or move from the transmit state to the receive state or
idle state; 40    FIG. 10 depicts a flow chart illustrating the operation
of the speakerphone of FIG. 1 in determining whether to remain in the
receive state or move from the receive state to the transmit state or idle
state; FIG. 11 are illustrative waveforms which depict impulse and
composite characterizations of an acoustic environment performed by the
speakerphone of FIG. 1; FIG. 12 is a block representation of the functional
components of a speakerphone operable in providing 45    echo suppression
loss Insertion; FIG. 13 depicts a flow chart illustrating the operation of
the speakerphone of FIG. 12 in the application of echo suppression loss
insertion; and FIG. 14 are waveforms illustrating the application of echo
suppression loss insertion. 5o  Detailed Description. FIG. 1 is a
functional block representation of a computer controlled adaptive
speakerphone 100 embodying the invention. As shown, the speakerphone
generally comprises a transmit section 200, a receive section 300, and a
computer 110. A microcomputer commercially available from Intel Corporation
55  as Part No. 8051 may be used for computer 110 with the proper
programming. A microphone 111 couples audio signals to the speakerphone and
a speaker 112 receives output audio signals from the speakerphone. By way
of operation through illustration, an audio signal provided by a person
speaking into the microphone 111 is coupled into the transmit section 200
to a multiplexer 210. In addition to being able to 3 



EP 0 376 587 B1 select the microphone speech signal as an input, the
multiplexer 210 may also select calibration tones as its input. These
calibration tones are provided by a calibration circuit 113 and are used,
in this instance; for calibration of the hardware circuitry in the transmit
section 200. Connected to the multiplexer 210 is a mute control 211 which
mutes the transmit path in response to'a control signal from the computer
110. A high pass filter 212 connects to the mute control 211 to remove the
room and low frequency background noise in the speech signal. The output of
the high pass filter 212 is coupled both to a programmable attenuator 213
and to an envelope detector 214. In response to a control signal from the
computer 110, the programmable attenuator 213 inserts loss in the speech
signal in three and one half dB steps up total of of sixteen steps,
providing 56 dB of total loss. This signal from the 10 programmable
attenuator 213 is coupled to a low pass filter 215 which removes any spikes
that might have been generated by the switching occurring in the attenuator
213. This filter also provides additional signal shaping to the signal
before the signal is transmitted by the speakerphone over audio line 101 to
a hybrid (not shown). After passing through the envelope detector 214, the
speech signal from the filter 212 is coupled to a logarithmic amplifier
216, which expands the dynamic range of the speakerphone to is
approximately 60 dB for following the envelope of the speech signal. The
receive section 300 contains speech processing circuitry that is
functionally the same as that found in the transmit section 200. A speech
signal received over an input audio line 102 from the hybrid is coupled
into the receive section 300 to the multiplexer 310. Like the multiplexer
210, the multiplexer 310 may also select calibration tones for its input,
which are provided by the calibration circuit 113. Connected to the
multiplexer 310 is a mute control 311 which mutes the receive path in
response to a control signal from the computer 110. A high pass filter 312
is connected to the mute control 311 to remove the low frequency background
noise from the speech signal. The output of the high pass filter 312 is
coupled both to an envelope detector 314 and to a programmable attenuator
313. The envelope detector 314 obtains the signal envelope for the speech
signal 25 which is then coupled to a logarithmic amplifier 316. This
amplifier expands the dynamic range of the speakerphone to approximately 60
dB for following the envelope of the receive speech signal. The
programmable attenuator 313, responsive to a control signal from the
computer 110, inserts loss in the speech signal in three and one half dB
steps in sixteen steps, for 56 dB of loss. This signal from the
programmable attenuator 313 is coupled to a low pass filter 315 which
removes any spikes that might have 30 been generated by the switching
occurring in the attenuator 313. This filter also provides additional
signal shaping to the signal before the signal is coupled to the
loudspeaker 112 via an amplifier 114. The signals from both the logarithmic
amplifier 216 and the logarithmic amplifier 316 are multiplexed into an
eight-bit analog-to-digital converter 115 by a multiplexer 117. The
converter 115 presents the computer 110 with digital information about the
signal levels every 750 microseconds. 35.  The computer 110 measures the
energy of the incoming signals and develops information about the signal
and noise levels. Both a transmit signal average and a receive signal
average are developed by averaging samples of each signal according to the
following equation: t- 4 [err] where 60 .   Sampling rate = 1333 per second
[err] = new sample [err] = old average [err]= new average This averaging
technique tends to pick out peaks in the signal applied. Since speech tends
to have 55   many peaks rather than a constant level, this average favors
detecting speech. Both a transmit noise average and a receive noise average
are also developed. The transmit noise average determines the noise level
of the operating environment of the speakerphone. The receive noise average
measures the noise level on the line from the far-end party. The transmit
noise average and the 4    EP 0 376 587 B1 



receive noise average are both developed by measuring the lowest level seen
by the converter 115. Since background noise is generally constant, the
lowest samples provide a reasonable estimate of the noise level. The
transmit and receive noise averages are developed using the following
equation: [err] 10 15     where Sampling rate = 1333 per second [err] = new
sample [err] = old average = new average 20    This equation strongly
favors minimum values of the envelope of the applied signal, yet still
provides a path for the resulting average to rise when faced with a noisier
environment. Two other signal levels are developed to keep track of the
loop gain, which affects the switching response and singing margin of the
speakerphone. These signal levels are the speech level that is present
after being attenuated by the transmit attenuator 213 and the speech level
that is present after being 26  attenuated by the receive attenuator 313.
In the speakerphone, these two levels are inherently known due to the fact
that the computer 110 directly controls the loss in the attenuators 213 and
313 in discrete amounts, 3.5 dB steps with a maximum loss of 56 dB in each
attenuator. All of these levels are developed to provide the computer 110
with accurate and updated information about what the current state of the
speakerphone should be. ..30  As in all speakerphones, the adaptive
speakerphone needs to use thresholds to determine its state. Unlike its
analog predecessors, however, those thresholds need not be constant. The
computer 110 has the ability to recalibrate itself to counteract variation
and aging of hardware circuitry in the speakerphone. This is achieved by
passing a first and a second computer-generated test tone through the
transmit path and the receive path of the hardware circuitry and measuring
both responses. 35     These test tones are generated at a zero dB level
and a minus 20 dB level. The difference measured between the zero dB level
tone and the minus 20 dB level tone that passes through the speakerphone
circuitry is used as a base line for setting up the thresholds in the
speakerphone. First, by way of example, the zero dB level tone is applied
to the transmit path via multiplexer 210 and that response measured by the
computer 110. Then the minus 20 dB tone is similarly applied to the
transmit path via multiplexer 210 40 and its response measured by the
computer. The difference between the two responses is used by the computer
as a basic constant of proportionality that represents "20 dB" of
difference in the transmit path circuitry. This same measurement is
similarly performed on the receive path circuitry by applying the two test
tones via multiplexer 310 to the receive path. Thus, a constant of
proportionality is also obtained for this path. The number measured for the
receive path may be different from the number measured by the 45 transmit
path due to hardware component variations. The computer simply stores the
respective number for the appropriate path with an assigned value of minus
20 dB to each number. Once the computer has determined the number
representing minus 20 dB for each path, it is then able to set the required
dB threshold levels in each path that are proportionally scaled to that
path's number. Also, because of the relative scaling, the common thresholds
that are set up in each path always will be essentially equal even . though
the values of corresponding circuit components in the paths may differ
considerably. As part of the calibration process, the speakerphone also
measures the acoustics of the room in which it operates. Through use of the
calibration circuit 113, the speakerphone generates a series of eight
millisecond tone bursts throughout the audible frequency of interest and
uses these in determining the time- domain acoustic response of the room.
each tone burst is sent from the calibration circuit 113 through the 55
receive section 300 and out the loudspeaker 112. The integrated response,
which is reflective of the echoes in the room from each tone burst, is
picked up by the microphone 111 and coupled via the transmit section 200 to
the computer 110 where it is stored as a composite response pattern, shown
in FIG. 11 and described in greater detail later herein. This response is
characterized by two important factors: the 5    EP 0 376 587 B1 maximum
amplitude of the returned signal, and the duration of the echoes. The
amplitude of the returned signal determines what level of transmit speech
will be required to break in on receive speech. The greater the acoustic
return, the higher that threshold must be to protect against
self-switching. The duration of the echoes determine how quickly speech
energy injected into the room will dissipate, which controls how fast 5
the speakerphone can switch from a receive to a transmit state. If the room
acoustics are harsh, therefore, 



the  speakerphone adapts by keeping switching response on a par with that
of a typical analog device. But when acoustics are favorable, it speeds up
the switching time and lowers break In thresholds to provide a noticeable
improvement in performance. The concept of self-calibration is also applied
to the speakerphone's interface to a hybrid. During a l0  conversation, the
computer measures the degree of hybrid reflection that it sees. This hybrid
reflection provides a measure of both the hybrid and far-end acoustic
return. Its average value is determined using the following equation: 15
[err] where 25     Sampling rate = 1333 per second [err] = receive signal
average [err] = transmit signal average [err], = old hybrid average [err] =
new hybrid average 30    This equation develops the hybrid average value by
subtracting a transmit signal from a receive signal and then averaging
these signals in a manner that favors the maximum difference between them.
The receive signal is that signal provided to the speakerphone by the
hybrid on the receive line and the transmit signal is that signal provided
to the hybrid by the speakerphone on the transmit line. By developing an
estimate of the hybrid average, the amount of switched loss required in the
speakerphone to maintain 35  stability may be raised or lowered. By
lowering the amount of switched loss, speakerphone switching operation
becomes more transparent and can even approach full-duplex for fully
digital connections. The estimate of the hybrid average is also used to
determine the switching threshold level of the speakerphone in switching
from the transmit state to the receive state (receive break in). Since the
estimate of the hybrid average is used to develop an expected level of
receive speech due to reflection, additional receive speech due to the
far-end talker may be accurately determined and the state of the
speakerphone switched accordingly. To obtain an accurate representation of
the line conditions, hybrid averaging is performed only while the
speakerphone is in the transmit state. This insures that receive speech on
the receive line during a quiet transmit interval cannot be mistaken for a
high level of hybrid return. This averaging therefore prevents 45 receive
speech, that is not great enough to cause the speakerphone to go into the
receive state, from distorting the estimated hybrid average. Another
boundary condition employed in developing this hybrid average is a
limitation on the acceptable rate of change of transmit speech. If transmit
speech ramps up quickly, then the possibility of sampling errors increases.
To avoid this potential source of errors, the hybrid average is only
developed 50 during relatively flat intervals of transmit speech (the exact
slope is implementation-dependent). To ensure stable operation with an
adaptive speakerphone in use at both the near-end and the far-end by both
parties, the amount that the hybrid average may improve during any given
transmit interval is also limited. In the adaptive speakerphone. 100, for
example, the hybrid average is allowed to improve no more than 5 dB during
each transmit state. In order for the hybrid average to improve further, a
transition to receive and then back to transmit must be made. This insures
that the far-end speakerphone has also had an opportunity to go into the
transmit state and has similarly adapted. Thus, each speakerphone is able
to reduce its inserted loss down to a point of balance in a monotonic
fashion. Limiting the amount of change in the hybrid average during a
transmit interval also allows this speakerphone to to be operable with
other 6    EP 0 376 587 B1 adaptive speakerphones such as echo-canceling
speakerphones that present a varying amount of far-end echo as they adapt.
For ease of operation and for configuring the speakerphone, a user
interface 120 through which the user has control over speakerphone
functions is provided internal to the speakerphone 100. This interface 5
includes such speakerphone functions as ON/OFF, MUTE and VOLUME UP/DOWN.
The user interface also includes a button or other signaling device for
initiating the recalibration process. Should the user relocate his or her
speakerphone, pressing this button will perform an acoustic calibration to
the new environment. In addition, the recalibration process checks the
operational readiness of and recalibrates the internal hardware circuitry,
and resets the volume level of the speakerphone to the nominal position. 10
Referring now to FIGS. 2 and 3, there is shown a partial schematic of the
speakerphone 100 including the multiplexers 210 and 310, mute controls 211
and 311, the calibration circuit 113, the microphone 111 



and its associated amplifier 117, amplifier 135 for the remotely provided
speech signals, and high pass filters 211 and 311. Shown In greater detail
is the microphone 111 which, in this circuit arrangement, is an electret 15
microphone for greater sensitivity. This microphone is AC coupled via a
capacitor 116 to an amplifier 117 which includes resistors 118 and 119 for
setting the transmit signal gain from the microphone 111. From the
amplifier 117, the speech signal is sent to the multiplexer 210 in the
transmit section 200. Also shown in greater detail is the calibration
circuit 113 which receives a two-bit input from the computer 110 on lines
designated as CALBIT UP and CALBIT DOWN. This two-bit input provides the
tone 20  burst signal used in the hardware circuitry and acoustic
calibration processes. Three states from the two-bit input are defined and
available: LOW reflects a zero level signal where the input signals on both
CALBIT UP and CALBIT DOWN are one; HIGH reflects a condition where the
input signals to both CALBIT UP and --  CALBIT DOWN are zero; and MIDDLE
reflects a condition where, for example, the CALBIT UP signal is one and
the CALBIT DOWN signal is zero. By alternately presenting and removing the
respective input signals 25 to both CALBIT UP and CALBIT DOWN in a desired
sequence, a tone burst is generated which starts from ground level, goes up
to some given positive voltage level, then down to some given negative
voltage level, then returns back to ground level. The CALBIT UP and CALBIT
DOWN signals are respectively provided as input signals to an amplifier 121
via a first series connection, comprising diode 122 and resistor 123, and a
second series connection, 30  comprising diode 124 and resistor 125. The
amplifier 121 and associated circuitry, capacitor 127 and resistor 128, are
used to generate the desired output level reflective of the summation of
the two input signals. A resistor divider, comprising resistors 156 and
157, provides an offset voltage to the noninverting input of amplifier 121.
Resistor divider, comprising resistors 129 and 130, provide the 20 dB
reduction of the signal level from amplifier 121. This reduction is used
for the comparison measurement when the speakerphone performs the
electrical calibration process. Thus the signal on line 131 is 20 dB less
than the signal on line 132. Both of these two signals are coupled to the
multiplexers 210 and 310 A receive audio input level conversion circuit,
comprising amplifier 135, resistors 136, 137 and 138, and also capacitor
139, is connected to audio input line 102 for terminating this line in 600
ohms. This signal is coupled from the amplifier 135 to the multiplexer 310
along with the tone signal from amplifier 121 for 40 further processing.
The output of the multiplexer 210 is provided over line 138 to a mute
control 211 which mutes the transmit path in response to a control signal
from the computer 110 over line 140. Similarly, the output of the
multiplexer 310 is provided over line 139 to a mute control 311 which mutes
the receive path in response to a control signal from the computer 110 over
line 141. Respectively connected to the mute 45  controls 211 and 311 are
high pass filters 212 and 213. These high pass filters are essentially
identical and are designed to remove the low frequency background noise in
the speech signal. Filter 212 comprises a follower amplifier 217, and
associated circuitry comprising capacitors 218 and 219, and resistors 220
and 221. The output of filter 212 is coupled over line 142 to the
programmable attenuator 213 shown in FIG. 4. And filter 312 comprises a
follower amplifier 317, and associated circuitry comprising capacitors 318
and 50. 319, and resistors 320 and 321. The output of filter 312 is coupled
over line 143 to the programmable attenuator 313 shown in FIG. 5. Referring
now to FIG. 4, there is shown a detail schematic of the programmable
attenuator 213. This attenuator comprises multiple sections which are
formed by passing the output of an amplifier in one section through a
switchable voltage divider and then into the input of another amplifier.
The signal on line 142 from the high pass filter 212 is coupled directly to
a first section of the attenuator 213 comprising a voltage divider
consisting of resistors 222 and 223, a switch 224 and a follower amplifier
226. When the Switch 224 is closed shorting resistor 222, the voltage
developed across the voltage divider essentially will be the original input
voltage, all of which develops across resistor 223. Once the switch is
opened, in 7    EP 0 376 587 B1 response to a command from the computer
110, the signal developed at the juncture of resistors 222 and 223 is
reduced from that of the original input voltage level to the desired lower
level. The loss is inserted in -.  each section of the attenuator in this
manner. Thus in operation, a speech signal passing through the first
section of the attenuator is either passed at 5  the original voltage level
or attenuated by 28 dB. If the switch is turned on, i.e., the resistor 222
shorted out, then no loss is inserted. If the switch is turned off, then 28
dB of loss is inserted. The signal then goes through a second similar
section which has 14 dB of loss. This second section of the attenuator 213 



comprises a voltage divider consisting of resistors 227 and 228, a switch
229 and a follower amplifier 230. This second section is followed by a
third section which has 7 dB of loss. This third section of the io
attenuator 213 comprises a voltage divider consisting of resistors 231 and
232, a switch 233 and a follower amplifier 234. A fourth and final section
has 3 1/2 dB of loss. This final section of the attenuator 213 comprises
resistors 235 and 236 and a switch 237. By selecting the proper combination
of on/off values for switches 224, 229, 233 and 237, the computer 110 may
select from 0 to 56 dB of loss in 3 1/2 dB increments. It should be
understood that if a finer control of this attenuator is desired such that
it could 15  select attenuation in 1.75 dB increments, it is but a simple
matter for one skilled in the art, in view of the above teachings, to add
another section to the attenuator thereby providing this level of control.
This signal from the programmable attenuator 213 is coupled to the low pass
filter 215 which provides additional shaping to the transmit signal. Low
pass filter 215 comprises a follower amplifier 238, and associated
circuitry comprising capacitors 239 and 240, and resistors 241 and 242. The
output of filter 215 is coupled to a transmit audio output level conversion
circuit, comprising amplifier 144, resistors 145, 146 and 147, and also
capacitor 148, for connection to the audio output line 101. This output
level conversion circuit provides an output impedance of 600 ohms for
matching to the output line 101. Referring now to FIG. 5, there is shown a
detail schematic for the programmable attenuator 313, the low pass filter
315 and the amplifier 114 for the loudspeaker 112. The same basic
components are used in 25  implementing the programmable attenuator 313 and
the programmable attenuator 213. Because of this and the detailed
description given to attenuator 213, this attenuator 313 will not be
described in similar detail. Follower amplifiers 326, 330 and 334 along
with resistors 322, 323, 327, 328, 331, 332, 335 and 336, and also switches
324, 329, 333 and 337 combine in forming the four sections of the
attenuator 313. As in attenuator 213, a speech signal is attenuated 28 dB
by section one, 14 dB by section two and 7 dB and 3 30  1/2 dB by sections
three and four respectively. The signal from the programmable attenuator
313 is coupled to the low pass filter 315 which provides additional shaping
to the receive signal. Low pass filter 315 comprises a follower amplifier
338, and associated circuitry including capacitors 339 and 340, and
resistors 341 and 342. In amplifier 114, an amplifier unit 149 and
associated circuitry, variable resistor 150, resistors 151 and 152, and
capacitors 153 35 and 154, provide gain for the output signal from low pass
filter315 before coupling this signal to the speaker 112 via a capacitor
155. With reference to FIG. 6, there Is shown a general speakerphone
circuit 600 for describing the two type of coupling, hybrid and acoustic,
that most affect the operation of a speakerphone being employed in a
telephone connection. A hybrid 610 connects the transmit and receive paths
of the speakerphone to a 40  telephone line whose impedance may vary
depending upon, for example, its length from a central office, as well as,
for example, other hybrids in the connection. And the hybrid only provides
a best case approximation to a perfect impedance match to this line. Thus a
part of the signal on the transmit path to the hybrid returns over the
receive path as hybrid coupling. With this limitation and the inevitable
acoustic coupling between a loudspeaker 611 and a microphone 612, transmit
and receive loss controls 613 and 614 45  are inserted in the appropriate
paths to avoid degenerative feedback or singing. The computer controlled
adaptive speakerphone 100 of FIG. 1 advantageously employs a process or
program described herein with reference to a state diagram of FIG 7 and
flow diagrams of FIGS. 8, 9 and 10 for improved performance. This process
dynamically adjusts the operational parameters of the speaker- phone for
the best possible performance in view of existing hybrid and acoustic
coupling conditions. 50     Referring now to FIG. 7, there is shown the
state diagram depicting the possible states of the speakerphone 100. The
speakerphone initializes in an idle state 701. While in this state, the
speakerphone has a symmetrical path for entering into either a transmit
state 702 or a receive state 703, according to which of these two has the
stronger signal. If there is no transmit or receive speech while the
speakerphone is in the idle state 70l, the speakerphone remains in this
state as indicated by a loop out of and back into 55  this idle state.
Generally, if speech is detected in the transmit or receive path, the
speakerphone moves to the corresponding transmit or receive state. If the
speakerphone has moved to the transmit state 702, for example, and transmit
speech continues to be detected, the speakerphone then remains in this
state. If the speakerphone detects receive speech having a stronger signal
than the transmit speech, a receive break-in 8.    EP 0 376 587 B1 occurs
and the speakerphone moves to the receive state 703. If transmit speech
ceases and no receive speech is present, the speakerphone returns to the
idle state 701. Operation of the speakerphone In the receive state 703 is
essentially the reverse of its operation in the transmit state 702. Thus if
there is receive 



speech following the speakerphone moving to the receive state 703, the
speakerphone stays in this state. If 5  transmit speech successfully
interrupts, however, the speakerphone goes into the, transmit state 702.
And if there is no receive speech while the speakerphone is in the receive
state 703 and no transmit speech to interrupt, the speakerphone returns to
the idle state. Referring next to FIG. 8, there is shown a flow chart
illustrating in greater detail the operation of the speakerphone 100 in
determining whether to remain in the idle state or move from the idle state
to the l0 transmit state or receive state. The process is entered at step
801 wherein the speakerphone is in the idle state. From this step, the
process advances to the decision 802 where it determines whether the
detected transmit signal is greater than the transmit noise by a certain
threshold. If the detected transmit signal is greater than the transmit
noise by the desired amount, the process proceeds to decision 803. At this
decision, a determination is made as to whether the detected transmit
signal exceeds the expected transmit 15 signal by a certain threshold. The
expected transmit signal is that component of the transmit signal that is
due to the receive signal coupling from the loudspeaker to the microphone.
This signal will vary based on the receive speech signal, the amount of
switched loss, and the acoustics of the room as determined during the
acoustic calibration process. The expected transmit level is used to guard
against false switching that can result from room 20  echoes; therefore,
the transmit level must exceed the expected transmit level by a certain
threshold In order for the speakerphone to switch into the transmit state.
If the detected transmit signal does not exceed the expected transmit
signal by the threshold, the process advances to decision 806. If the
detected transmit signal exceeds the expected transmit signal by the
threshold, however, the process advances to step 804 where a holdover timer
is initialized prior to the 25 speakerphone entering the transmit state.
Once activated, this timer keeps the speakerphone in either the transmit
state or the receive state over a period of time, approximately 1.2
seconds, when there is no speech in the then selected state. This allows a
suitable period for bridging the gap between syllables, words and phrases
that occur in normal speech. From step 804 the process advances to step 805
where the speakerphone enters the transmit state. 30     Referring once
again to step 802, if the detected transmit signal is not greater than the
transmit noise by a certain threshold, then the process advances to the
decision 806. In this decision, and also in decision 807, the receive path
is examined in the same manner as the transmit path in decisions 802 and
803. In decision 806, the detected received signal is examined to determine
if it is greater than the receive noise by a certain threshold. If the
detected receive signal is not greater than the receive noise by this
threshold, 35 the process returns to the step 801 and the speakerphone
remains in the idle state. If the detected receive signal Is greater than
the receive noise by the desired amount, the process proceeds to decision
807. At this decision, a determination is made as to whether the detected
receive signal exceeds the expected receive signal by a certain threshold.
The expected receive signal represents the amount of speech seen on the
receive line that is due to 40 transmit speech coupled through the hybrid.
This signal is calculated on an ongoing basis by the speakerphone and
depends on the hybrid average, the amount of switched loss, and the
transmit speech signal. Since the transmit speech path is open to some
extent while the speakerphone is in the idle state, this causes a certain
amount of hybrid reflection to occur, which, in turn, causes a certain
amount of the speech signal detected on the receive path to be due to
actual background noise or speech in the room. 45 This, in turn, is read as
a certain expected level of receive speech. And the actual receive speech
signal must surpass this expected level by the threshold in order for the
speakerphone to determine with certainty that there is actually a far-end
party talking. If the detected receive signal does not exceed the expected
receive signal by the threshold, the process returns to the step 801 and
the speakerphone remains in the idle state. If the detected receive 50
signal exceeds the expected receive signal by the threshold, however, the
process advances to step 808 where the holdover timer is initialized. From
step 808 the process advances to step 809 where the speakerphone is
directed to enter the receive state. Referring next to FIG. 9, there is
shown a flow chart Illustrating in greater detail the operation of the
speakerphone 100 in determining whether to remain In the transmit state or
move from the transmit state to 55  either the receive state or idle state.
The process is entered at step 901 wherein the speakerphone has entered the
transmit state. From this step, the process advances to the decision 902
where a determination is made as to whether the detected receive signal
exceeds the expected receive signal by a certain threshold. If the detected
receive signal does not exceed the expected receive signal by the
threshold, the 9    



EP 0 376 587 B1 process advances to decision 907. If the detected receive
signal exceeds the expected receive signal by the threshold, however, the
process advances to step 903 where the the detected received signal is
examined to determine if it is greater than the receive noise by a certain
threshold. If the detected receive signal is not greater than the receive
noise by this threshold, the process advances to decision 907. If the 5
detected receive signal is greater than the receive noise by the desired
amount, the process proceeds to decision 904. At decision 904, a
determination is made as to whether the detected receive signal is greater
than the detected transmit signal by a certain threshold. This decision is
applicable when the near-end party and the far-end party are both speaking
and the far-end party is attempting to break-in and change the state of the
10 speakerphone. If the detected receive signal is not greater than the
detected transmit signal by the threshold, the process proceeds to decision
907. If the detected receive signal is greater than the detected transmit
signal by the threshold, however, the process proceeds to step 905 where
the holdover timer is initialized for the receive state. From step 905, the
process advances to step 906 where it causes the speakerphone to enter the
receive state. 15     At decision 907, the process checks to see if the
detected transmit signal is greater than the transmit noise by a certain
threshold If the detected transmit signal is greater than the transmit
noise by the desired amount, the holdover timer is reinitialized at step
908, the process returns to step 901 and the speaker- phone remains in the
transmit state. Each time the holdover timer is reinitialized for a certain
state, the speakerphone will remain minimally in that state for the period
of the holdover timer, 1.2 seconds. If at decision 907, the process finds
that the detected transmit signal is less than the transmit noise by a
certain threshold, i. e., no speech from the near-end party, the process
advances to the decision 909 where it determines if the holdover timer has
expired. If the holdover timer has not expired, the process returns to step
901 and the speakerphone remains in the transmit state. If the holdover
timer has expired, the process advances to step 910 and the speakerphone
returns to the idle state. 25     Referring next to FIG. 10, there is shown
a flow chart illustrating in greater detail the operation of the
speakerphone 100 in determining whether to remain in the receive state or
move from the receive state to either the transmit state or idle state. The
process is entered at step 1001 wherein the speakerphone has entered the
receive state. From this step, the process advances to the decision 1002
where a determination is made as to whether the detected transmit signal
exceeds the expected transmit signal by a certain 30 threshold. If the
detected transmit signal does not exceed the expected transmit signal by
the threshold, the process advances to decision 1007. If the detected
transmit signal exceeds the expected transmit signal by the threshold,
however, the process proceeds to step 1003 where the the detected transmit
signal is examined to determine if it is greater than the transmit noise by
a certain threshold. If the detected transmit signal is not greater than
the transmit noise by this threshold, the process advances to decision
1007. If the 35  detected transmit signal is greater than the transmit
noise by the desired amount, the process proceeds to decision 1004. At
decision 1004, a determination is made as to whether the detected transmit
signal is greater than the detected receive signal by a certain threshold.
This decision is applicable when the far-end party and the near-end party
are both speaking and the near-end party is attempting to break-in and
change the state of 40 the speakerphone. If the detected transmit signal is
not greater than the detected receive signal by the threshold, the process
proceeds to decision 1007. If the detected transmit signal is greater than
the detected receive signal by the threshold, however, the process proceeds
to step 1005 where the holdover timer is initialized for the transmit
state. From step 1005, the process advances to step 1006 where it causes
the speakerphone to enter the transmit state. 45     At decision 1007, the
process checks to see if the detected receive signal is greater than the
receive noise by a certain threshold. If the detected receive signal is
greater than the receive noise by the desired amount, the holdover timer is
reinitialized at step 1008, the process returns to step 1001 and the
speakerphone remains in the receive state. If at decision 1007, the process
finds that the detected receive signal is less than the receive noise by a
50  certain threshold, i. e., no speech from the far-end party, the process
advances to the decision 1009 where it determines if the holdover timer has
expired. If the holdover timer has not expired, the process returns to step
1001 and the speakerphone remains in the receive state. If the holdover
timer has expired, the process advances to step 1010 and the speakerphone
returns to the idle state. Referring now to FIG. 11, there is shown
illustrative waveforms which provide an impulse and a 55  composite
characterization of an acoustic environment obtained during the acoustic
calibration process performed by the speakerphone 100. A tone signal,
generated between 300 Hz and 3.3 KHz in fifty equal logarithmically spaced
frequency steps, is applied to the loudspeaker 112 of the speakerphone and
the return echo for each tone measured by the microphone 111 and analyzed
by the computer 110. Samples of 



10    EP 0 376 587 B1 the return echo for each tone signal generated are
taken at 10 millisecond intervals for a total sampling period of 120
milliseconds. The sample impulse responses shown in FIG. 11 are for the
four frequencies, 300 Hz, 400 Hz, 500 Hz and 3.3 KHz. As illustrated in
this figure, the 300 Hz response initially has a fairly high amplitude (A),
but 5.  the energy quickly dissipates after the tone stops. In the 400 Hz
response, its amplitude (A) is initially lower, however, the energy does
not dissipate as rapidly as in the 300 Hz response. And the energy in the
500 Hz response dissipates even slower than the 300 Hz and the 400 Hz
impulse responses. A composite waveform is generated next to each 300 Hz,
400 Hz and 500 Hz impulse response. This composite waveform represents an
integrated response pattern of the impulse responses. The 300 Hz l0
impulse response and the 300 Hz composite response are identical since this
is the first measured response. The subsequent composite responses are
modified based on the new information that comes in with each new impulse
response. If that new information shows any ten millisecond time interval
with a higher amplitude return than is then on the composite response for
the corresponding time interval, the old information is replaced by the new
information. If the new information has a lower amplitude return than that
15  on the composite for that corresponding time interval, the old
information is retained on the composite response. The 3.3 KHz frequency
tone is the last of the 50 tones to be generated. The composite response
after this tone represents, for each ten millisecond time interval,
essentially the worst case acoustic coupling that may be encountered by the
speakerphone during operation, independent of frequency. This measure of
the initial characterization of the room acoustic environment in which the
speakerphone 20  operates is used in a number of ways. The composite
response Is used for setting a switchguard threshold which insures that
receive speech, if coming out of the loudspeaker is not falsely detected as
transmit speech and returned to the far-end party. The composite response
is also used for determining the total amount of loop loss necessary for
proper operation of the speakerphone. The amount of receive speech signal
that is returned through the 25 microphone from the loudspeaker is used as
part of the equation which also includes the amount of hybrid return, the
amount of loss inserted by the programmable attenuators and the gain
setting of the volume control to determine the total amount of loop loss.
The composite response is further used in determining the expected transmit
level. This expected transmit level is obtained from a convolution of the
composite impulse response with the receive speech 30 samples. The receive
speech samples are available in real time for the immediately preceding 120
milliseconds with sample points at approximately 10 millisecond intervals.
The value of the sample points occurring at each 10 millisecond interval in
the receive response are convolved with the value of the sample points
corresponding to the same 10 millisecond intervals In the composite
response. In this convolution, the sampled values of the received speech
response are, on a sample point by sample point basis, 35 multiplied by the
corresponding values of the sample points contained in the composite
response. The resulting products are then summed together to obtain a
single numerical value which represents the convolution of the immmediately
preceding 120 milliseconds of receive speech and 120 milliseconds of
initial room characterization. This numerical value represents the amount
of receive speech energy that is still in the room and will be detected by
the microphone. 40    The following example illustrates how the convolution
of the composite response with the received speech provides for more
efficient operation of the speakerphone. If, by way of example, the
near-end party begins talking and the speakerphone is in the receive state
receiving speech from the far-end party, a certain amount of the signal
coming out of the loudspeaker is coupled back into the microphone. The
speakerphone has to determine whether the speech seen at the microphone is
due solely to acoustic 45 coupling, or whether it is due to the near-end
talker. This determination is essential in deciding which state the
speakerphone should be entering. To make this determination, the computer
convolves the composite impulse response of the room with the receive
speech signal to determine the level of speech seen at the microphone that
is due to acoustic coupling. If the amount of signal at the microphone is
greater than expected, then the computer knows that the near-end user is
trying to interrupt and can permit a break-in; otherwise, the speakerphone
will remain in the receive state. When a speakerphone type device Is
operated in a near full or full duplex mode, the far-end party's speech
emanating from the loudspeaker is coupled back into the microphone and back
through the telephone line to the far-end Because of the proximity of the
loudspeaker to the microphone, the speech level at the microphone resulting
from speech at the loudspeaker is typically much greater than that 



55  produced by the near-end party. The result is a loud and reverberant
return echo to the far-end. To alleviate this unpleasant side effect of
near full or full duplex operation, an echo suppression process, which
inserts loss in the transmit path as appropriate, is employed.    EP 0 376
587 B1 A diagram generally illustrating the insertion of echo suppression
loss during near full or full duplex operation is shown in FIG 12. The
speech signal in the receive path is measured by a measuring system 1210.
Such a measuring system, by way ofexample, is available from high pass
filter 312, envelope detector 314 and logarithmic amplifier 316 shown in
FIG.1. The output of measuring system 1210 is passed 5 through an acoustic
coupling equation 1211 in order to include the effects of acoustic coupling
on the signal to be seen at the microphone. The acoustic coupling equation
could be as simple as a fast attack, slow decay analog circuit. In this
implementation, the acoustic coupling equation is the composite room
impulse response that is generated during the acoustic calibration phase of
the calibration process. The output of the equation is the expected
transmit signal level described earlier herein. The resulting signal is
then used 10 to provide a control signal for the modulation of the transmit
path loss. An echo threshold detection circuit 1212 monitors the amplitude
of the control signal from the acoustic coupling equation 1211. When the
control signal exceeds a predetermined threshold (below which the return
echo would not be objectionable to the far-end party) transmit loss which
tracks the receive speech is inserted into the transmit path by the
modulation circuit 1213. 15     By monitoring the transmit and receive
speech signals, the process determines when the speech signal into the
microphone is a result of acoustically coupled speech from the loudspeaker.
While the speaker- phone is operating, the expected transmit signal level
is also constantly monitored. This level is a direct indication of
loudspeaker to microphone coupling and loop switched loss. This expected
transmit level will tend to get larger as the speakerphone approaches full
duplex operation. When this signal exceeds an echo threshold (below which
the return echo would not be objectionable to the far-end party),
additional loss is inserted into the transmit path. This echo suppression
loss, when needed, tracks the receive speech envelope at a syllabic rate
after a 1 to 5 millisecond delay. Referring next to FIG. 13, there is shown
a flow diagram illustrating the decision making process for the application
of echo suppression loss. The process is entered at decision 1301 where the
transmit signal 25  level is compared with the expected transmit signal
level plus a coupling threshold. If the expected transmit signal level plus
the coupling threshold is less than the measured transmit signal, the
process advances to step 1302 since receive speech is not present and echo
suppression is therefore not necessary. If the expected transmit signal
level plus the coupling threshold is greater than the measured transmit
signal, the process advances to decision 1303 since the speakerphone is
emanating speech from the loudspeaker that 30 may need to be suppressed. At
decision 1303, a determination is made as to whether the loop switched loss
is great enough to obviate the need for additional echo suppression loss.
If loop switched loss is greater than the coupling threshold, the process
advances to step 1304 since the switched loss will prevent objectionable
echo to the far-end and echo suppression is not necessary. If loop switched
loss is not great enough to provide 35  sufficient echo reduction, however,
the process advances to decision 1305. 35   At decision 1305, a
determination is made as to whether the expected level of the transmit
signal Is greater than the loop switched loss plus an echo threshold. If
so, the process advances to step 1306 since the return echo would not be
objectionable to the far-end party and echo suppression is not necessary.
If, however, the expected level of the transmit signal is less than the
loop switched loss plus an echo 40 threshold, echo suppression is necessary
and the process advances to step 1307. The echo suppression is then
inserted into the transmit path at step 1307 as follows: loss = expected
transmit level - (loop switched loss - echo threshold). Shown in FIG. 14 is
a waveform illustrating how, in speakerphone 100, loss is inserted into the
transmit path via programmable attenuator 213 in accordance with the echo
suppression process. 45     Although a specific embodiment of the invention
has been shown and described, it will be understood that it is but
illustrative and that various modifications may be made therein. Claims 50
1. Voice switching apparatus for processing speech signals on a
communication line, the apparatus - including means for switching between a
receive state for receiving speech signals from the commu- nication line
and a transmit state for transmitting speech signals over the communication
line, and an acoustic calibration circuit (313) for determining the type of
acoustic environment in which the voice switching apparatus is employed,
CHARACTERIZED IN THAT: the calibration circuit includes 



55         means (110, 113, 310, 112) for generating atone burst signal in
said environment; the tone burst signal comprising multiple frequency
signals generated separately at different time intervals and for a common
fixed time period, measuring means (110, 111, 200) responsive to the return
of the tone burst signal to said apparatus 12    EP 0 376 587 B1 A diagram
generally illustrating the insertion of echo suppression loss during near
full or full duplex operation is shown in FIG 12. The speech signal in the
receive path is measured by a measuring system 1210. Such a measuring
system, by way of example, is available from high pass filter 312, envelope
detector 314 and logarithmic amplifier 316 shown in FIG.1. The output of
measuring system 1210 is passed 5  through an acoustic coupling equation
1211 in order to include the effects of acoustic coupling on the signal to
be seen at the microphone. The acoustic coupling equation could be as
simple as a fast attack, slow decay analog circuit. In this implementation,
the acoustic coupling equation is the composite room impulse response that
is generated during the acoustic calibration phase of the calibration
process. The output of the equation is the expected transmit signal level
described earlier herein. The resulting signal is then used 10 to provide a
control signal for the modulation of the transmit path loss. An echo
threshold detection circuit 1212 monitors the amplitude of the control
signal from the acoustic coupling equation 1211. When the control signal
exceeds a predetermined threshold (below which the return echo would not be
objectionable to the far-end party) transmit loss which tracks the receive
speech is inserted into the transmit path by the modulation circuit 1213.
15     By monitoring the transmit and receive speech signals, the process
determines when the speech signal into the microphone is a result of
acoustically coupled speech from the loudspeaker. While the speaker- phone
is operating, the expected transmit signal level is also constantly
monitored. This level is a direct indication of loudspeaker to microphone
coupling and loop switched loss. This expected transmit level will tend to
get larger as the speakerphone approaches full duplex operation. When this
signal exceeds an echo threshold (below which the return echo would not be
objectionable to the far-end party), additional loss is inserted into the
transmit path. This echo suppression loss, when needed, tracks the receive
speech envelope at a syllabic rate after a 1 to 5 millisecond delay.
Referring next to FIG. 13, there is shown a flow diagram illustrating the
decision making process for the application of echo suppression loss. The
process is entered at decision 1301 where the transmit signal 25 level is
compared with the expected transmit signal level plus a coupling threshold.
If the expected transmit signal level plus the coupling threshold is less
than the measured transmit signal, the process advances to step 1302 since
receive speech is not present and echo suppression is therefore not
necessary. If the expected transmit signal level plus the coupling
threshold is greater than the measured transmit signal, the process
advances to decision 1303 since the speakerphone is emanating speech from
the loudspeaker that 30 may need to be suppressed. At decision 1303, a
determination is made as to whether the loop switched loss is great enough
to obviate the need for additional echo suppression loss. If loop switched
loss is greater than the coupling threshold, the process advances to step
1304 since the switched loss will prevent objectionable echo to the far-end
and echo suppression is not necessary. If loop switched loss is not great
enough to provide 35 sufficient echo reduction, however, the process
advances to decision 1305. At decision 1305, a determination is made as to
whether the expected level of the transmit signal is greater than the loop
switched loss plus an echo threshold. If so, the process advances to step
1306 since the return echo would not be objectionable to the far-end party
and echo suppression is not necessary. If, however, the expected level of
the transmit signal is less than the loop switched loss plus an echo 40
threshold, echo suppression is necessary and the process advances to step
1307. The echo suppression is then inserted into the transmit path at step
1307 as follows: loss = expected transmit level - (loop switched loss -
echo threshold). Shown in FIG. 14 is a waveform illustrating how, in
speakerphone 100, loss is inserted into the transmit path via programmable
attenuator 213 in accordance with the echo suppression process. 45
Although a specific embodiment of the invention has been shown and
described, it will be understood that it is but illustrative and that
various modifications may be made therein. Claims so 1. Voice switching
apparatus for processing speech signals on a communication line, the
apparatus including means for switching between a receive state for
receiving speech signals from the commu- nication line and a transmit state
for transmitting speech signals over the communication line, and an 



acoustic calibration circuit (313) for determining the type of acoustic
environment in which the voice switching apparatus is employed,
CHARACTERIZED IN THAT: the calibration circuit includes 55        means
(110, 113, 310, 112) for generating atone burst signal in said environment;
the tone burst signal comprising multiple frequency signals generated
separately at different time intervals and for a common fixed time period,
measuring means (110, 111, 200) responsive to the return of the tone burst
signal to said apparatus 12    EP 0 376 587 B1
[err] *  C   L  M   S for measuring the resulting time-domain acoustic
response of said environment, and calibration means (110) operably
responsive to the measuring means for adjusting threshold switching levels
at which the apparatus switches between the receive state and the transmit
state. 5  2. Apparatus as claimed in claim 1 wherein the time domain
acoustic response includes a composite representation of each one of the
multiple frequency signals having the largest amplitude measured at each
one of multiple predetermined time intervals for providing the amplitude of
the acoustic response and the duration of echoes from the tone burst
signal. 10    Apparatus as claimed in claim 2 wherein the measuring means
includes comparison means for periodically comparing the time-domain
acoustic response with received speech signals having a comparable time
period, the calibration means being responsive to the comparison means
adjusting the threshold switching levels for switching between the receive
state and the transmit state. 15  4. Apparatus as claimed in claim 1
including variable switched loss means for alternately inserting loss in a
receive path for attenuating the speech signals received from the
communication line and in a transmit path for attenuating the speech
signals for transmitting over the communication line, the calibration means
being operably responsive to the measuring means adjusting the level of
attenuation inserted by the variable switched loss means into the transmit
path and the receive path. 5. Apparatus as claimed in claim 4 wherein the
measuring means includes comparison means for periodically comparing the
time-domain acoustic response with received speech signals having a
comparable time period, the calibration means being responsive to the
comparison means adjusting the level of attenuation inserted by the
variable switched loss means in the receive path and the transmit 25
path. 6. A method of determining the type of acoustic environment in which
a voice signal controller is employed, the voice signal controller being
connectable to a communication line and switching between a receive state
for receiving speech signals from the communication line and a transmit
state for 30    transmitting speech signals over the communication line,
CHARACTERIZED BY the steps of: generating a tone burst signal In said
environment, the tone burst signal comprising multiple frequency signals
generated separately at different time intervals and for a common fixed
time period, measuring the return of the tone burst signal to said
controller for generating a time-domain acoustic response representative of
the acoustic environment, and 35   adjusting threshold switching levels at
which the controller switches between the receive state and the transmit
state responsive to the measuring step. 7. A method as claimed in claim 6
wherein the time-domain acoustic response includes a composite
representation of each one of the multiple frequency signals having the
largest amplitude measured at 40     each one of multiple predetermined
time intervals for providing the amplitude of the acoustic response and the
duration of echoes from the tone burst signal. 8. A method as claimed In
claim 7 wherein the measuring step includes the step of periodically
comparing the time-domain acoustic response with received speech signals
having a comparable time period, the 46     threshold switching levels
adjusting step, operably responsive to the comparison step, adjusting the
threshold switching levels for switching between the receive state and the
transmit state. 9. A method as claimed In claim 6 including the steps of:
inserting loss alternately in a receive path for attenuating the speech
signals received from the so     communication line and in a transmit path
for attenuating the speech signals for transmission over the communication
line, and adjusting the level of attenuation inserted by the loss insertion
step in response to the measuring step. 55 10. A method as claimed in claim
9 wherein the measuring step includes the step of periodically comparing
the time-domain acoustic response with received speech signals having a
comparable time period, the 



loss insertion step, operably responsive to the comparison step, adjusting
the level of attenuation inserted in the receive path and the transmit
path. 13    -       L  M   S'* PatentansprUche _..;_1.
..Sprachumschalteinrichtung zur Verarbeitung von Sprachsignalen auf einer
Kommunikationsleitung mit einer Einrichtung zur Umschaltung zwischen einem
Empfangszustand far den Empfang von Sprachsi- 6_.,, gnalen von der
Kommunikationsleitung und elinem Sendezustand zur Aussendung von
Sprachsignalen .Uber die Kommunikationsleitung und mit elner akustischen
Eichschaltung (313) zur Bestimmung des Typs der akustischen Umgebung, In
der die Sprachumschalteinrichtung verwendet wird, dadurch gekennzeichnet,
daB die Elchschaltung aufwelst: eine Einfichtung (110, 113, 310, 112) zur
Erzeugung eines Tonburst-Signals in der Umgebung, daB 10
Mehrfrequenzsignale umfaBt, die getrennt in unterschiedlichen
Zeitintervallen und far einen gemeinsa- men, festen Zeitabschnitt erzeugt
werden, eine Meoeinrichtung (110, 111, 200). die auf die Rackkehr des
Tonburst-Signals zu der Sprachum- schalteinrichtung anspricht und die sich
ergebende akustische Antwort der Umgebung auf der Zeitebe- ne miBt, und 15
eine Eicheinfichtung (110), die auf die MeBeinrichtung anspricht, um die
Umschaltschwellenwerte einzustellen, bel denen die
Sprachumschalteinrichtung zwischen dem Empfangs- und dem Sendezu- stand
umschaltet. 2. Sprachumschalteinrichtung nach Anspruch 1, dadurch
gekennzeichnet, daB die akustische Antwort auf der Zeitebene eine
zusammengesetzte Darstellung jeder der Mehrfrequenzsignale umfagt, wobei
die groBte Amplitude in jeder der Vielzahl von vorbestimmten
Zeitintervallen gemessen wird, um die Amplitude des akustischen Ansprechens
und die Dauer von Echos des Tonburst-Signals bereitzustel- len. 25  3.
Sprachumschalteinrichtung nach Anspruch 2, dadurch gekennzeichnet, daB die
MeBeinrichtung eine Vergleichseinrichtung zum periodischen Vergleich der
akustischen Antwort auf der Zeitebene mit empfangenen Sprachsignalen mit
verglelchbarer zeitlicher Dauer enthalt und daB die Eicheinrichtung unter
Ansprechen auf die Vergleichseinrichtung die Umschaltschwellenwerte far die
Umschaltung zwischen dem Empfangs- und dem, Sendezustand einstellt. 30 4.
Sprachumschalteinrichtung nach Anspruch 1, dadurch gekennzeichnet, daB eine
geschaltete, variable Dampfungseinrichtung zur alternativen Einfagung von
Dampfung in elnen Empfangsweg zur Dampfung der von der
Kommunikationsleitung empfangenen Sprachsignale und in elnen Sendeweg zur
Dampfung der Sprachsignale fUr die Aussendung Uber die
Kommunikationsleitung vorgesehen ist und daB die -3     Eicheinrichtung
unter Ansprechen auf die MeBeinfichtung den Pegel der Dampfung einstellt,
die durch die geschaltete, variable Dampfungselnrichtung In den Sendeweg
und den Empfangsweg eingeflgt wird. : ,  -6. Sprachumschalteinrichtung nach
Anspruch 4, dadurch gekennzeichnet, daB die MeBeinrichtung eine ,40
Verglelchseinrichtung zum periodischen Vergleichen der akustischen Antwort
auf der Zeitebene mit empfangenen Sprachsignalen mit einer vergleichbaren
Zeitdauer enthalt und daB die Eicheinrichtung unter Ansprechen auf die
Vergleichseinrichtung den Pegel der Dampfung einstellt, den die
geschaltete, variable Dampfungseinrichtung in den Empfangsweg und den
Sendeweg einfagt. .46 6. Verfahren zur Bestimmung des Typs der akustischen
Umgebung, In der ein Sprachsignal-Steuergerat verwendet wird, wobei das
Sprachsignal-Steuergerat an eine Kommunikationsleltung anschaltbar ist und
zwischen einem Empfangszustand far den Empfang von Sprachsignalen von der
Kommunikationslei- tung und einem Sendezustand far das Aussenden von
Sprachsignalen Uber die Kommunikationsleltung umschaitet, so
gekennzeichnet durch die Verfahrensschritte: Erzeugen eines
Tonburst-Signals In der Umgebung, das Mehrfrequenzsignale umfaBt, die
getrennt in unterschiedlichen Zeitintervallen und fUr einen gemeinsamen,
festen Zeitabschnitt erzeugt werden, Messen der Rtckkehr des
Tonburst-Signals zum Steuergerat zur Erzeugung einer akustischen Antwort
auf der Zeitebene, die die akustische Umgebung darstelit, und - 65
Einstellen von Umschaltschwellenwerten, bei denen das Steuergerlt unter
Ansprechen auf den MeB- schritt zwischen dem Empfangszustand und dem
Sendezustand umschaltet. 14 
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Verfahren nach Anspruch 6, dadurch gekennzelchnet, daB die akustische
Antwort auf der Zeitebene eine zusammengesetzte Darstellung jedes der
Vielfrequenzsignal enthilt, wobel die gr8ote Amplitude in jedem der
vorbestimmten Zeitintervalle gemessen wird, urn die Amplitude der
akustischen Antwort und die Dauer von Echos des Tonburst-Signals
bereitzustellen. 5r 8. Verfahren nach Anspruch 7, dadurch gekennzeichnet,
daB der Me~schritt den Schritt eines perlodi- schen Vergleichs der
akustischen Antwort auf der Zeitebene mit empfangenen Sprachsignalen mit
einer vergleichbaren Zeitdauer enthalt und daB der Einstelischritt fOr die
Umschaltschwellenwerte unter Ansprechen auf den Vergleichsschritt die
Umschaltschwellenwerte fUr das Umschalten zwischen dem 10
Empfangszustand und dem Sendezustand elnstellt. 9. Verfahren nach Anspruch
6, gekennzeichnet durch die Verfahrensschritte: EinfOgen einer Dampfung
alternativ in einen Empfangsweg zur Dampfung der von der Kommunika-
tionsleitung empfangenen Signale und in einen Sendeweg zur Dampfung der
Sprachsignale for die 15     Aussendung Ober die Kommunikationsleitung, und
Einstellen des Pegels der D~mpfung, die bei dem Dgmpfungseinflgungsschritt
unter Ansprechen auf den MeBschritt eingefagt wird. 10. Verfahren nach
Anspruch 9, dadurch gekennzeichnet, dal der MeBschritt den Schritt eines
periodi- schen Vergleichs der akustischen Antwort auf der Zeitebene mit
empfangenen Sprachsignalen mit verglelchbarer Zeitdauer umfaBt und daB der
DampfungseinfUgungsschritt unter Ansprechen auf den Vergleichsschritt den
Pegel der D~mpfung einstellt, die in den Empfangsweg und den Sendeweg
eingeftgt wird. 25 Revendlcatlons 1. Appareil de commutation par la voix
pour le traitement de signaux vocaux sur une ligne t~l~phonique, I'appareil
comprenant un moyen pour commuter entre un 6tat de r~ception pour recevoir
des signaux -          vocaux & partir de la ligne tel6phonique, et un 6tat
d'4mission pour dmettre des signaux vocaux sur la 30     ligne
tdlephonique, et un circuit de calibration acoustique (313) pour determiner
le type d'environne- ment acoustique dans loquel l'appareil de commutation
par la voix est employe, CARACTERISE EN CE .   QUE: le circuit de
calibration comporte un moyen (110, 113, 310, 122) pour g~ndrer un signal
d'impulsion sonore dans ledit environne- ment; le signal d'lmpulsion sonore
comprenant des signaux de frdquence multiples gdn~rds s~par6- ment a des
intervalles de temps diff~rents et pendant une periode de temps fixe
commune, un moyen de mesure (110, 111, 200) sensible au retour du signal
d'impulsion sonore vers ledit appareil pour mesurer la r6ponse acoustique
dans le domaine temporel resultante dudit environnement, et -un moyen de
calibration (110) sensible de manibre opdrationnelle au moyen de mesure
pour r~gler 40     des niveaux seuils de commutation auxquels l'appareil
commute entre l'Ntat de reception et l'6tat d'6mission. 2. Apparell selon
la revendicatlon 1, dans lequel la rdponse acoustique dans le domalne
temporel comporte une repr~sentation compos6e de chacun des signaux de
frdquence multiples ayant la plus 45     grande amplitude mesurde & chacun
d'une multitude d'intervalles de temps preddtermin~s pour foumir
I'amplitude de la r~ponse acoustique et la dur~e des dchos provenant du
signal d'impulsion sonore. 3. Appareil selon la revendication 2, dans
lequel le moyen de mesure comporte un moyen de comparai- son pour comparer
pdriodiquement la r~ponse acoustique dans le domaine temporel avec des
signaux 60     vocaux regus ayant une pbriode de temps comparable, le moyen
de calibration 6tant sensible au moyen de comparaison en r6glant les
niveaux seuils de commutation pour la commutation entre N'6tat de r~ception
et l'Ntat d'emisslon. *--. 4. Apparell selon la revendication 1, comportant
un moyen de perte commut6e variable pour ins~rer en 66     altemance une
perte. dans le chemin de r~ception pour att~nuer les signaux vocaux regus &
partir de la ligne telephonique et dans. un chemin d'emission pour att~nuer
les signaux vocaux a 6mettre sur la ligne telephonique, le moyen de
calibration dtant sensible de manibre op~rationnelle au moyen de mesure
en'r~glant 15   
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d'attenuation inseree par. le moyen de perte commutee variable dans le
chemin d'6mission et ..  le chemin de r~ception. r-5.:7 Appareil selon la
revendication 4, dans lequel le moyen de mesure comporte un moyen de
comparal- 51.   son pour comparer poriodiquement la r~ponse acoustique dans
le domaine temporel avec des signaux vocaux regus ayant une periode de
temps comparable, le moyen de calibration etant sensible au moyen de
comparalson en reglant le niveau d'attenuation insere par le moyen de perte
commut~e variable dans le chemin de reception et le chemin d'4mission. 0o
6. Methode de d6termination du type d'environnement acoustique dans
laquelle un controleur de signaux vocaux est employe, le contr8leur de
signaux vocaux pouvant Otre connecte & une ligne t6lephonique et commutant
entre un 6tat de reception pour recevoir des signaux vocaux a partir de la
ligne telephonique et un etat d'6mission pour emettre des signaux vocaux
sur la ligne t6l6phonique, CARACTERISEE PAR les etapes de: 15
generation d'un signal d'impulsion sonore dans ledit environnement, le
signal d'impulsion sonore comprenant des signaux de frequence multiples
gener~s separement A des intervalles de temps differents et pendant une
p~riode de temps fixe commune, mesure du retour du signal d'impulsion
sonore vers ledit controleur pour gen6rer une reponse acoustique dans le
domaine temporel representative dudit environnement, et V     r~glage des
niveaux seuils de commutation auxquels le contr6leur commute entre l'4tat
de reception et l'etat d'emission en reponse & 1'6tape de mesure. 7.
Methode solon la revendication 6, dans laquelle la reponse acoustique dans
le domaine temporel comporte une representation composde de chacun des
signaux de frequence multiples ayant la plus grande amplitude mesuree a
chacun d'une multitude d'intervalles de temps predetermines pour fournir
l'amplitude de la reponse acoustique et la duree des echos provenant du
signal d'impulsions sonore. . Methode solon la revendication 7, dans
laquelle l'etape de mesure comporte l'tape de comparaison p6riodique de la
r~ponse acoustique dans le domaine temporel avec des signaux vocaux regus
ayant 30     une p6riode de temps comparable, I'etape de reglage des
niveaux seulls de commutation, sensible de maniere operationnelle a l4tape
de comparaison, reglant les niveaux seuils de commutation pour la . .*
commutation entre l'etat de reception et l'6tat d'emission. '--: 9. M6thode
solon la revendication 6, comportant les etapes: d'insertion en alternance
d'une perte dans le chemin de reception pour attenuer les signaux vocaux
reogue a partir de la ligne telephonique et dans un chemin d'emission pour
attenuer les signaux vocaux a emettre sur la ligne t~lephonique, et de
reglage du niveau d'attenuation ins6rde par 11tape d'intertion de porte en
reponse & l'etape de mesure. 40- 10.: Mthode selon la revendicalion 9, dans
laquelle l'tape de mesure comporte l'etape de comparaison periodique de la
reponse acoustique dans le domaine temporel avec des signaux vocaux regus
ayant une periode de temps comparable, I'etape d'insertion de perte,
sensible de manibre opdrationnelle a l'teape de comparaison, reglant le
niveau d'attenuation inseree dans le chemin de reception et le 45
chemin d'emission. .50. -., 16    


