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(57) ABSTRACT 

A system and method for maintaining acceptable perceived 
sound quality while achieving desired bandwidth savings in 
voice-over packet networks that use signal energy level 
dependent thresholds. The method utilizes only the block 
energy of the input signal to discriminate between active 
signal, such as voice, facsimile tone, touch tone or dial tone, 
and background noise. The discrimination algorithm is 
adaptive to changes in signal energy levels. The method is 
designed to accommodate a large dynamic range of signal 
volumes and is reliable under different background noise 
conditions. The method includes a robust active signal and 
noise level estimation algorithm that prevents threshold 
divergence. A speech-smoothing scheme is used to prevent 
misclassifying weak active signals as background noise. The 
complexity of the bandwidth saving method is linear with 
respect to the input signal length. The discrimination can be 
adapted to accommodate differing tra?ic loads on the packet 
system by providing greater savings during high traf?c and 
decreasing compression during low tra?ic conditions. 
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SIGNAL DEPENDENT METHOD FOR BANDWITH 
SAVINGS IN VOICE OVER PACKET NETWORKS 

BACKGROUND OF THE INVENTION 

[0001] 1. Field of the Invention 

[0002] The invention relates to methods for conservation 
of bandwidth in a packet network. More speci?cally, the 
invention relates to methods for reducing the bandWidth 
consumption in voice-over packet netWorks by improved 
detection of active signals, background noise, and silence. 

[0003] 2. Description of the Background Art 

[0004] A system for bandWidth savings, knoWn as time 
assignment speech interpolation (TASI), Was introduced to 
increase the capacity of submarine telephone cables used in 
analog telephony. TASI Was subsequently replaced With a 
similar digital system. Such schemes are commonly knoWn 
as digital speech interpolation (DSI) systems. As multimode 
and variable-rate speech coding techniques have improved, 
several promising silence compression standards have been 
developed and issued to address the bandWidth saving 
problem. The algorithm standardiZed by the GSM for use in 
the Pan-European digital Cellular Mobile Telephone Service 
is an example of a voice activity detection (VAD) technique 
designed for the mobile environment. Another VAD algo 
rithm in Wireless applications is provided With the ITA/EIA/ 
IS-127 Enhanced Variable Rate Codec standard. There are 
tWo silence compression standards from ITU: G.723.1 
Annex A, and G729 Annex B. 

[0005] Although these standards for bandWidth savings 
are very effective, their complexity is very high. The com 
plexity of these methods derives from the fact that they rely 
upon processing the spectral features of a signal, Which 
requires an analysis of the frequency and/or spectrum of the 
signal to identify the characteristics of speech, voice, or 
other distinct signals. These methods require adaptive algo 
rithms to reduce noise, band pass ?lters to isolate speech, 
and the like to identify accurately characteristics of the 
signal to detect voice from other sounds, signals, or noise. 

[0006] Complex standards require complex algorithms 
and therefore require signi?cant processing capabilities. The 
method of the present invention signi?cantly reduces com 
plexity and therefore can be implemented in high channel 
density Wired telephony applications. The present invention 
is simple in terms of processing and memory requirements 
and results in excellent performance. 

SUMMARY OF THE INVENTION 

[0007] In voice-over packet applications, speech signal is 
transmitted using data packets. The general telephone net 
Work Will limit the bandWidth of the speech signal to 300 to 
3,400 HZ range. In most speech codecs, the signal is sampled 
at 8 KhZ resulting in the maximum signal bandWidth of 4 
KhZ. Each sample is represented With 16 bits, resulting in a 
128 kbps bit rate. To save on bandWidth, PCM and ADPCM 
codecs are Widely used in telephony applications and are 
important in high channel density implementation of voice 
over packet applications. For the purpose of bandWidth 
savings With PCM and ADPCM codecs, voice activity 
detection is used to distinguish silence from active signal. 
The silence packets are not transmitted during any non 
speech interval, effectively increasing the number of chan 
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nels. In voice-over packet applications, the input speech 
level can be varied from —50 dBm0 to 0 dBm0, facsimile 
signal level varies from —48dBm0 to 0 dBm0, the noise 
properties may change considerably during a conversation. 

[0008] To detect signal activity accurately under different 
signal input and noise conditions, the energy threshold is 
adapted to the input signal and noise levels. Because of its 
adaptive function, the corresponding signal activity detec 
tion algorithm herein provides bandWidth savings With loW 
complexity and loW delay and performs Well for a Wide 
range of signal energy input levels and background noise 
environments as Well as signal energy level changes. 
Because the bandWidth savings may change based on packet 
netWork traffic load, the algorithm is dynamically con?g 
urable to adjust the bandWidth savings percentages. 

[0009] In development of voice-over packet netWork 
applications, a reliable bandWidth saving method is crucial 
to achieve a desirable balance betWeen acceptable perceived 
sound quality and reduction in bandWidth requirements. Due 
to a variety of Working conditions a number of challenges 
are imposed upon such a method. The bandWidth savings 
needs to be accomplished With both loW delay and loW 
complexity. The method must perform Well for a Wide range 
of input signal levels, must Work in a variety of background 
noise environments, and must be robust in the presence of 
active signal and/or background noise level changes. Since 
the bandWidth requirements may change based on netWork 
factors such as load or traffic conditions or because of 
changing performance needs, the present invention is 
dynamically con?gurable to perform Well under different 
requirements. It is common for the noise environment to 
alter in real-time, and the present invention dynamically 
adjusts through monitoring such changes to accomplish 
bandWidth savings and to perform Well under a Wide variety 
of conditions. 

[0010] The present invention accomplishes ef?cient sav 
ings in bandWidth through a system for active signal (e.g., 
voice, facsimile, dialtone) and background noise detection 
and discrimination Which utiliZes block energy threshold 
adaptation, adaptive marginal signal/noise discrimination, 
state control logic, and active signal smoothing. The system 
distinguishes active signal (e.g., voice, speech, etc.) from 
background noise to alloW for the compression or elimina 
tion of periods of silence or background noise. The system 
includes a state machine for logic control in establishing a 
dynamic adaptive threshold, beloW Which the signal is 
identi?ed as silence or background noise, and above Which 
the signal is identi?ed as active signal. The threshold is 
established by factors, including an active signal estimation 
technique from discrimination of noise beloW a ?rst thresh 
old and active signal above a second threshold. Signal 
betWeen the thresholds cannot be discriminated and is 
therefore not used in the estimation to avoid loss of voice 
through misidenti?cation as noise or silence. The system is 
ef?cient in detection of active signals and elimination of 
noise, While maintaining a safety margin to avoid degrada 
tion of voice quality by misidenti?cation of loW voice 
signals as background or silence. 

[0011] The state machine, FIG. 2, includes the How logic, 
FIG. 3, for updating the adaptive block energy threshold 
used for threshold detection, FIG. 1. There are three states 
in the state machine: learning state, converged state, and 
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constant envelope state. Learning state is the initial and 
default state, Where the system does not have any reliable 
estimates of noise or active signal energy levels. The state 
control logic 6 is in converged state When the current energy 
level threshold is acceptable and the noise and signal level 
estimations are reliable. When the input signal has an 
approximate constant envelope, the state machine is in the 
constant envelope state to distinguish facsimile from back 
ground noise in order to identify facsimile as active signal, 
not noise, 

[0012] The system utiliZes signal energy detection to 
establish and adjust the adaptive loWer and upper thresholds. 
The signal is divided into blocks of a desired length, and 
signal features relating to the signal energy level are 
extracted for analysis to determine signal feature character 
istics used to establish noise and active signal predictive 
thresholds. These established thresholds are used to dis 
criminate the signal. 

[0013] A signal from a source is ?rst processed to deter 
mine the energy E(n) of the signal. The energy level is 
processed into energy vectors corresponding to discrete time 
intervals, for analysis. Each block is ?rst processed by 
comparison With an initial set of thresholds Within a mar 
ginal signal and noise discriminator, to discriminate initially 
betWeen noise and signal. If beloW a ?rst noise threshold, the 
block is classi?ed as noise. If above a second voice thresh 
old, the block is classi?ed as active signal. Once discrimi 
nated, blocks beloW the noise threshold are used in noise 
level estimation, and blocks above the active signal thresh 
old are used in active signal level estimation. Blocks 
betWeen the thresholds are not used in level estimation. In 
this manner the present invention creates a clear separation 
betWeen signal and noise. 

[0014] These processed signal blocks are then used to 
create active estimates of the noise level and of the active 
signal level. The estimation is a continuous processing 
activity updated as further signal blocks are discriminated 
and made available to the estimator. In the exemplary 
embodiment, estimation is performed using a combination 
RMS/geometric averaging of block energies under the con 
trol of the marginal signal and noise discriminator. HoWever, 
either RMS or geometric averaging alone could be used, as 
could other poWer estimation techniques, sample based or 
block based averaging. The method of both sampling and 
averaging can be varied through a change of factors such as 
time constants, frame siZe for block energy threshold detec 
tion, changing noise and/or signal thresholds, elimination of 
a discrimination gap betWeen noise and signal, estimate 
noise/voice division, etc., still Within the scope of the 
invention as herein taught. 

[0015] The estimates of noise level and active signal level 
are later used in establishing the adaptive thresholds used to 
process the current signal block in the threshold detector to 
determine if the signal is noise or voice used in establishing 
an output decision for use in compression for bandWidth 
savings. 

[0016] The determined energy level E0“) of the signal is 
also supplied to a threshold detector to make the detection 
betWeen noise and active signals. The current values of the 
adaptive thresholds Within the detector, as established from 
the active estimates of noise signal and active signal level 
based upon the control of the state control logic, are used to 
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classify an input block into “active signal” or “noise” 
comparing the corresponding block energy E01) With the 
adaptive threshold. The threshold adaption is performed 
based upon a current one of several available algorithms 
selected by a state control logic based upon the dynamics of 
the signal estimation processing. Different threshold func 
tions are applied to the detection based upon the reliability 
of these estimates and the consistency of the signal enve 
lope. 
[0017] Weak active signals, Which may present intermit 
tent loW signal levels, can be misclassi?ed as noise. In order 
to reduce misclassi?cation, the output of the threshold 
detector is smoothed. By smoothing, short term active signal 
drops are not classi?ed as noise and subsequently improp 
erly compressed. The smoothed output of the threshold 
detector is used as the output decision of the system method. 
The smoothing mechanism is in?uenced by the traffic load 
con?guration. In the exemplary embodiment, a hang-over 
period smoothing method is implemented. Alternative delay 
methods or smoothing algorithms can be implemented. 
HoWever, the computational processing poWer needed to 
perform signal smoothing processing must be considered in 
implementing the present invention, Which relies upon sim 
pli?cation for effective implementation. 

[0018] The output decision is then used by the voice-over 
packet netWork communication system to implement the 
desired processing of the current packet for bandWidth 
savings by appropriate compression based upon the simpli 
?ed active signal/noise discrimination of the present inven 
tion. 

[0019] In energy-based signal activity detection, one of 
the difficulties is that a simple energy measure cannot 
distinguish loW-level speech sounds (Weak active signal) 
from background noise if the signal-to-noise ratio is not high 
enough. In the implementation of the preferred embodiment 
of the present invention as described beloW, the folloWing 
assumptions have been made. HoWever, these values can be 
adjusted to process signals according to desired design 
parameters While remaining Within the inventive concept 
taught herein: 

[0020] during natural conversation, Within a long 
enough period of time, there Will exist at least one 
silence frame (i.e., a signal frame that does not 
contain speech sounds) of a minimum duration; 

[0021] during natural conversation, Weak speech 
sounds should normally last only for short periods of 
time; 

[0022] the short-term statistics (up to 1.5 seconds) of 
a noise are stationary or pseudo-stationary; 

[0023] the block energy threshold should be a func 
tion of noise level, active signal level, and signal 
to-noise ratio. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0024] FIG. 1 is an overall block diagram for the signal 
processing and threshold detection system of the present 
invention. 

[0025] FIG. 2 is a block diagram illustrating the interac 
tion of the states of the state control logic of the present 
invention. 
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[0026] FIG. 3 is a logic flow chart illustrating the thresh 
old update process of the state control logic of the present 
invention. 

[0027] FIG. 4 is a graph illustrating the coefficient 
K(EmaX/Emin) for the learning state of the state control logic 
of the present invention. 

[0028] FIG. 5 is a graph illustrating the coefficient 
K(Evoice/Enoise) for the learning state of the state control 
logic of the present invention. 

DETAILED DESCRIPTION OF PREFERRED 
EXEMPLARY EMBODIMENTS 

[0029] FIG. 1 is a block diagram illustrating an exemplary 
embodiment of the overall logic How of the present inven 
tion. The signal from a source in a packet netWork passes 
through splitter 9 and is inputted into block 1 Where the 
signal energy is calculated. 

[0030] The signal energy is calculated using a block 
energy calculation technique Where the input signal is par 
titioned into nonoverlapped 2.5 ms blocks. The 2.5 ms 
exemplary block siZe results in 20 samples/block, When an 
8 kHZ sampling rate is used. The block energy is calculated 
as a sum of sample squares or root-mean-square algorithm. 
The calculation can be performed according to a standard 
signal energy algorithm such as: 

Nil 

[0031] for example, Where: N=20 if 2.5 ms blocks are used 
and N=40 if 5 ms blocks are used. 

[0032] Table I illustrates an exemplary typical result from 
the calculation of block energy. In the algorithm as imple 
mented in an exemplary embodiment, the block length N=40 
(samples of 5 ms), the threshold update period L=25 6 blocks 
(1.28 sec) and the update subperiod S=32 blocks (160 ms), 
the dimension of minimum/maximum energy vectors is D=8 
(eight subperiods Within a period or L/S). In the folloWing 
example, shortened for the sake of illustration, N=5, L=12, 
and S=4, and therefore D=3. 

TABLE I 

Block # Samples Energy Value 

29 

O 18 

—2 21 
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TABLE I-continued 

Block # Samples Energy Value 

45 

47 

75 

4 52 

1 14 
11 —3 

—1 19 
12 O 

—5 55 

[0033] The calculated block energies are used to extract 
features from the input signal at block 2 of FIG. 1. Using the 
calculated block energies, the folloWing features are 
extracted every 1.28 seconds: 

[0034] 1. Minimum energy vector. 

[0035] 2. Maximum energy vector. 

[0036] 3. Minimum energy. 

[0037] 4. Maximum energy. 

[0038] The minimum and maximum energy vectors are 
obtained by partitioning a 1.28-second period into eight 
parts. For each part the minimum and maximum block 
energies are determined. The minimum and maximum ener 
gies are determined from the minimum and maximum 
energy vectors, respectively. In an exemplary embodiment, 
5 ms block energy features are extracted for each threshold 
update period (1.28 seconds). Other block siZe and update 
periods can be used as appropriate for the signal, the desired 
compression, active signal quality and bandWidth savings. 
The threshold is partitioned into eight non-overlapped sub 
period intervals J of 160 ms (length N=32 5 ms blocks). 
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Minimum and maximum energy vectors E and 
EVct max are extracted as follows: Vctfmin 

T Evct_min(j)=min{E(n)} 

[0039] and 
Evct_max(j)=max{E(n)} 

[0040] Where: E(n) is 5 ms block energy, and 

[0041] j=0,1,2 . . . , 7and ne?N, (j+1)N-1] 

[0042] The minimum energy and maximum energy are the 
minimum or maximum 5 ms block energy during the Whole 
threshold update period, i.e., Emin=min{Evct_min} and 
Emax=max{Evct_max}. The 2.5 ms block threshold block 
energy E(l) is extracted for the threshold detector 5 While the 
2.5 ms block-based Zero crossing rate is considered as an 
optional feature Which can be extracted for consideration in 
threshold determination by the state control logic 6. Because 
Zero crossing rate is strongly affected by dc offset, a highpass 
?lter should be used if the input signal has dc components. 
Block-based Zero crossing rate can be extracted as folloWs: 

[0043] Where L=20 is the block length 

[0044] Table II illustrates an exemplary feature extraction 
from the exemplary block energies illustrated in Table I. 

TABLE II 

Min Max 
Block# Block Energy Emin Vector Emax Vector Energy Energy 

1 29 
2 18 
3 21 
4 7 7 29 
5 45 
6 47 
7 75 
8 52 45 75 
9 6 

1O 14 
11 19 
12 55 6 55 6 75 

Marginal Signal/Noise Discriminator 

[0045] The purpose of the marginal signal and noise 
discriminator, block 3, is to keep a distance or gap betWeen 
noise level and active signal level, so that overlapped parts 
of active signal and noise block energies can be eliminated 
before the subsequent noise and active signal energy esti 
mations. The noise energy level estimate and the active 
signal energy level estimate are used by state control logic 
6 during threshold establishment in the “converged state.” 
Establishing a region betWeen a maximum noise level and a 
minimum active signal level is accomplished by maintaining 
tWo energy margins: one for noise, and the other for active 
signal. When block energy is beloW the noise margin, it is 
considered noise and used in noise level estimation. Simi 
larly, When block energy is above the active signal margin, 
it is considered active signal and used in active signal level 
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estimation. OtherWise, the block energy is not used in level 
estimation. The output of estimator 4 is used by state control 
logic 6 to select the current state based upon the signal 
envelope consistency and reliability. Therefore, the estima 
tion of noise and active signal energy are independent of the 
output results of the bandWidth savings algorithm, and 
divergence due to misclassi?cation can be avoided. 

Signal/Noise Level Estimation 
[0046] The signal and noise level estimation 4 is per 
formed using the geometric averaging of block energies 
under the control of the marginal signal and noise discrimi 
nator. The outputs are active signal level and noise level. 
These outputs represent an ongoing adaptive estimate of the 
average noise and active signal levels of the processed signal 
and can be determined according to the exemplary method 
beloW: 

T1=Emin+V32(EmaX_Emin) 

[0048] Both the noise and active signal (e.g., voice) 
thresholds are based on minimum and maximum block 
energy during one threshold updating period. Active signal 
and noise energy estimation is calculated by a geometric 
averaging as folloWs: 

EX(”)=(1(IX)EX(”-1)+QXE(”) 
[0049] Where x is either voice or noise and 0t is adjusted 
for determination of voice or noise as follows: 

0 E (n) 2 Tnoise 

[0050] Where E(n) is 5 ms block energy, k and l are the 
number of voice and noise blocks respectively, from the 
marginal signal and noise discriminator 3. 

State Control Logic 

[0051] The purpose of control logic 6 is to perform the 
threshold adaptation. The threshold used for detection 5 is 
adaptive in the present invention, based upon a number of 
factors derived from the block energy calculation, including 
the discrimination 3 and estimation 4. The adaptation of the 
block energy threshold is necessary for the effective dis 
crimination based upon the algorithm performance. The 
state control logic 6 performs the adaption of the threshold 
through processing algorithums based upon the state of the 
logic. 
[0052] State control logic 6 is designed as a state machine 
With the folloWing states: 

[0053] 1. Constant envelope. The method is in this 
state When the input signal has approximately con 
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stant envelope as determined by the input from the 
marginal signal/noise discriminator 3. For example, 
facsimile signals, dial tone, and stationary noise 
signals Would have a constant envelope. 

[0054] Minimum and maximum energy vectors are used in 
state transition. Zero crossing rate is also used if available. 
The threshold function for constant envelope state is: 

min 

Emax 
—50dBmO — 52 

E 

f1(Emax) otherwise 

Where: 

[0055] 2. Learning. The method is in this state When 
the marginal signal/noise discriminator 3 does not 
have reliable estimates for the energy margins. The 
minimum and maximum energies are used to update 
the threshold as: 

[0056] the coef?cient K(EmaX/Emin)is illustrated in FIG. 4. 

[0057] The system of the present invention Will alWays 
start in the learning state until converged or constant enve 
lope state is identi?ed. The system state control logic 6 Will 
revert to the learning state When either constant envelope or 
converged state cannot be identi?ed. 

[0058] 3. Converged. The method is in this state 
When the marginal signal/noise discriminator 3 has 
reliable estimates for the energy margins. The con 
verged state threshold update is based on background 
noise and signal-to-noise ratio. HoWever, the esti 
mations of noise energy and signal-to-noise ratio are 
based on signal activity decisions. To minimiZe 
unstable operation, a marginal signal and noise dis 
criminator is used in noise and signal level estima 
tion. The converge state threshold algorithm is a 
function of average voice energy (Evoke) and noise 
energy (Enoise). E and E are estimated 
according to the marginal signal and noise discrimi 
nator 3. The threshold function for the converged 
state is: 

v0 ice noise 

[0059] the coefficient K(Evoice/Enoise) illustrated in FIG. 5. 
If (Evoice/Enoise)<4, then the learning state threshold function 
Will be used to update the threshold in detector 5. To keep 
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the threshold adapt smooth, the folloWing interpolation is 
used during converged state Where m is the number of the 
threshold update period: 

[0060] the threshold is alWays bounded. The bounds 
depend on a traf?c load. 

Threshold Detector 

[0061] State control logic 6 determines the thresholds used 
by threshold detector 5. The active signal level and noise 
level outputs of estimator 4 are one factor used by control 
logic 6 to establish detection thresholds for the threshold 
detector 5. Other factors can include Zero crossing discrimi 
nation. The current value of noise and active signal thresh 
olds in adaptive threshold detector, block 5, are used to 
classify a current input block into “active signal” or “noise” 
using the corresponding block energy for the current input 
block calculated in block energy calculation 1. The threshold 
values inputted to the threshold detector 5 are controlled by 
the state control logic 6 Which determines the threshold 
function to be applied in the detector 5 based upon the state 
of control logic 6 determined by the estimation of signal 
estimator 4. 

[0062] Threshold detector 5 performs a decision for the 
current block to detect active signal or noise and assigns a 
status folloWs: 

{active signal} E(k) z T 
status : 

noise E(k) < T 

[0063] Where T is adaptive 2.5 ms block energy threshold 

[0064] An input frame is partitioned into non-overlapped 
2.5 ms block (20 samples/block). A decision is made for 
each block based on the block energy. In an embodiment 
With an optional Zero crossing rate available, an additional 
threshold detection step is utiliZed When the energy thresh 
old detection detects the current block as noise, as folloWs: 

active signal E(k) z T or ZCR(k) z Tm 
status = , . 

noise otherwise 

[0065] Where TZcr is ?xed Zero crossing rate threshold, 
Which, for example, can be chosen as 0.7. The purpose of 
using an additional Zero crossing rate detector is to minimiZe 
the potential misclassi?cation betWeen noise and Weak 
active signal at the beginning of an active signal, such as the 
beginning of a conversation. 

Active Signal Smoothing 

[0066] In order to reduce the potential for misclassi?cation 
of Weak active signal as noise, the output of the threshold 
detector 5 is smoothed 7. Smoothing can be accomplished 
by providing a hang-over period for indicating active signal 
detection for a period of time after the signal has dropped 
beloW the active signal threshold. This Will have the advan 
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tage of avoiding drops or holes in voice transmission and can 
help to avoid chopping of the end of speech. Other methods 
of smoothing can also be implemented Within the scope of 
the invention. The output of threshold detector 5, after 
smoothing, is used as the output decision 8 of the method. 
The smoothing mechanism is in?uenced by the traf?c load 
con?guration. Typically, the output signal of the detector can 
indicate false noise detection in the presence of a short-lived 
Weak active signal. By smoothing the signal, short noise 
detections can be signi?cantly reduced. Under high traf?c 
loads, it may be desirable to reduce the degree of smoothing 
to alloW increased bandWidth savings With only slight poten 
tial degradation in voice quality. Under loW traf?c loads, it 
may be desirable to increase the degree of smoothing to 
achieve potentially greater voice quality With acceptable 
loWer reductions in bandWidth savings. The dynamic adapt 
ability of the present invention alloWs for change of smooth 
ing based upon traf?c and signal detection. 

[0067] The output decision 8 is then supplied to the 
compression logic of the packet system in combination With 
the signal for the application of compression and/or noise 
elimination 11 as desired by the packet system. The portions 
of the signal classi?ed as noise can be eliminated and the 
active signals passed or compressed as desired. The signal 
may need to be delayed 10 to adjust for the timing of the 
decision from the application of the method of the present 
invention. 

[0068] In implementing the system of the present inven 
tion, the various parameters need to be adjusted to corre 
spond to the signal, the equipment used in the packet 
netWork, and the desired tradeoff betWeen compression and 
active signal transmission degradation. Any of the param 
eters (e.g., block siZe, sampling rate, threshold update 
period, hang-over period, minimum and maximum energy 
thresholds) as Well the algorithms can be changed to get 
different effects Within the scope of the invention. The 
algorithms can be implemented, and the system and the 
packet netWork can be monitored. The parameters can then 
be adapted to achieve the desired bandWidth conservation. 
The compression can depend on traf?c load to adjust the 
parameters of the system actively. 

[0069] A further speci?c exemplary implementation of the 
present invention is described in the paper entitled Signal 
Dependent BandWidth Saving Method in Voice-Over Packet 
Networks of Dunling Li, Zoran Mladenovic, and Bogdan 
Kosanovic, attached hereto and incorporated by reference 
herein. 

[0070] Because many varying and different embodiments 
may be made Within the scope of the inventive concept 
herein taught, and because many modi?cations may be made 
in the embodiments herein detailed in accordance With the 
descriptive requirements of the laW, it is to be understood 
that the details herein are to be interpreted as illustrative and 
as limiting. 

We claim: 

1. A method for establishing a noise/active signal thresh 
old, comprising the steps of: 

sampling the signal in blocks of a consistent length; 

calculating the signal energy of each block; 

extracting minimum and maximum energy vectors from 
the calculated block energies; 

Jan. 24, 2002 

passing indicia of the block energy of signal blocks 
having an energy level beloW a loW threshold to an 
estimator as noise; 

passing indicia of the block energy of signal blocks 
having an energy level above a high threshold to an 
estimator as active signal; 

estimating the energy level of signal blocks containing 
noise and the energy level of signal blocks containing 
active signal from said passed signal blocks; 

establishing an active threshold for distinguishing noise 
from active signal based in part on said energy level 
estimations. 

2. The method of claim 1, further comprising the step of: 

discriminating said signal blocks into ?rst signal blocks 
having an energy level beloW a loW threshold, second 
signal blocks having an energy level above a high 
threshold, and third signal blocks having an energy 
level betWeen said loW threshold and said high thresh 
old; 

3. The method of claim 2, further including the step of: 

eliminating third signal blocks having an energy level 
betWeen said loW and high threshold from said estima 
tion. 

4. The method of claim 1, further including the step of: 

selecting an adaptive algorithm for adapting said estab 
lished threshold based upon a determination of the 
signal envelope, Wherein a ?rst algorithm is applied 
When said envelop is indeterminate, a second algorithm 
is applied When said envelope is essentially constant 
and a third algorithm is applied When said envelope is 
varying but consistent. 

5. The method of claim 4, Wherein said signal is carried 
on a packet netWork, further including the step of: 

sensing the channel traffic load in said packet netWork; 
and 

dynamically recon?guring said adaptive algorithm based 
upon said sensed traf?c load. 

6. The method of claim 1, further comprising the step of: 

providing an output decision correlated to said signal 
blocks and indicative of the identi?cation of the respec 
tive signal block as noise or active signal. 

7. The method of claim 6, further comprising the step of: 

smoothing said output decision. 
8. The method of claim 7, Wherein: 

said smoothing step includes a delay of a change in said 
output decision from active signal to noise. 

9. The method of claim 1, Wherein: 

said step of establishing an active threshold for distin 
guishing noise from active signal is based solely on 
said signal block energy level. 

10. The method of claim 9, Wherein: 

said sampling, calculating, extracting, estimating and 
establishing are performed Without noise reduction. 

11. A system for establishing a noise/active signal thresh 
old, comprising: 

a signal sampler for sampling the signal in blocks of a 
consistent length; 
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a block energy calculator for calculating the signal energy 
of each block; 

an extractor for extracting minimum and maximum 
energy vectors from the calculated block energies; 

a marginal signal/noise discriminator for: 

discriminating said signal blocks into ?rst signal blocks 
having an energy level beloW a loW threshold, sec 
ond signal blocks having an energy level above a 
high threshold, and third signal blocks having an 
energy level betWeen said loW threshold and said 
high threshold; 

for passing indicia of the block energy of signal blocks 
having an energy level beloW a loW threshold to an 
estimator as noise; and 

passing indicia of the block energy of signal blocks 
having an energy level above a high threshold to an 
estimator as active signal; 

an estimator for estimating the energy level of signal 
blocks containing noise and the energy level of signal 
blocks containing active signal from said passed signal 
blocks; 

control logic for establishing an active threshold for 
distinguishing noise from active signal based in part on 
said energy level estimations. 

12. The system of claim 11, further comprising: 

means for eliminating said third signal blocks having an 
energy level betWeen said loW and high threshold from 
said estimation. 

13. The system of claim 11, further comprising: 

logic control means for selecting an adaptive algorithm 
for adapting said established threshold based upon a 
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determination of the signal envelope, Wherein a ?rst 
algorithm is applied When said envelope is indetermi 
nate, a second algorithm is applied When said envelope 
is essentially constant and a third algorithm is applied 
When said envelope is varying but consistent. 

14. The system of claim 13, Wherein said signal is carried 
on a packet netWork, further comprising: 

a receiver for receiving indicia of the channel traf?c load 
in said packet netWork; and 

a recon?guration element for dynamically recon?guring 
said adaptive algorithm based upon said sensed traf?c 
load. 

15. The system of claim 11, further comprising: 

means for providing an output decision correlated to said 
signal blocks, indicative of the identi?cation of the 
respective signal block as noise or active signal. 

16. The system of claim 15, further comprising: 

a smoother for smoothing said output decision. 
17. The system of claim 11, Wherein: 

said control logic establishes said active threshold for 
distinguishing noise from active signal based solely on 
said signal block energy level. 

18. The system of claim 17, Wherein: 

said sampling, calculating, extracting, estimating and 
establishing are performed Without noise reduction. 

19. The system of claim 18, Wherein said signal is carried 
on a packet network, further including: 

a compressor/noise reducer for reducing said noise in said 
packet netWork signal based upon said output decision. 

* * * * * 


