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SNR ESTIMATION USING FILTERS

BACKGROUND OF THE INVENTION

[0001] The present invention, in general, relates to the
estimation of signal to noise ratio (SNR) in digital commu-
nication receivers and specifically relates to SNR estimation
using fixed, dynamic and multiple filters in the applications
of low earth orbit (LEO) communication satellites.

[0002] The accurate estimation of SNR is a critical
requirement in satellite communications applications. SNR
estimation is required for the monitoring of impairments in
the received signal in digital mobile radio systems and
satellite modems. A typical satellite communications
receiver or a digital mobile receiver is activated only at
predetermined SNR thresholds. When the minimum SNR
level is reached, the satellite communications receiver or a
digital mobile receiver is switched on. The SNR value
indicates whether the target satellite is within the permis-
sible range of the receiver.

[0003] The methods in the art for SNR estimation are
effective in medium (approximately 12 dB) to high SNR
conditions. However, in the case of satellite modem appli-
cations in low SNR conditions, the relative strength of noise
is high, hence the methods currently used in the art yield
inaccurate results in SNR estimation.

[0004] Methods in the art for SNR estimation require the
signal to be completely brought to base band. In satellite
communication applications, it is difficult to bring the signal
to base band, since there will be an uncertainty in the
frequency estimation of the signal due to the Doppler shift
induced by the high velocity of the LEO satellites.

[0005] Carrier offsets resulting from Doppler shifts are a
recurring problem in LEO satellite communication systems.
The methods disclosed in the art for SNR estimation typi-
cally fail in the presence of carrier offsets.

[0006] Discrete interference external radiation sources
result in non-uniformity in the pattern of noise energy. The
methods disclosed in the art for SNR estimation typically
fail in the presence of discrete interferences.

[0007] Hence, there is an unsatisfied market need for an
accurate method for SNR estimation, that can be effectively
applied in conditions of low SNR and high carrier offsets,
and that does not require the signal to be brought to base
band. There is also an unsatisfied market need for an
accurate method of SNR estimation in the presence of
discrete interferences.

SUMMARY OF THE INVENTION

[0008] The present invention provides a method of accu-
rately determining SNR using filters. The following three
embodiments of the invention are disclosed: a method for
accurately determining SNR using fixed filters, multiple
filters and dynamic filters. The noise energy value is calcu-
lated by applying low pass and high pass filters. The
minimum amongst the energy values estimated by the low
pass and high pass filters, is selected to calculate the actual
noise energy in the signal. The present invention provides an
accurate method for SNR estimation in conditions of low
SNR and high carrier offsets, and also provides a method
that does not require the signal to be brought to base band.
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The use of multiple filters provides an accurate SNR mea-
surement even in the presence of discrete interferences.

[0009] This invention proposes a method of filter selection
and application and a method of SNR computation. The
method of this invention, including all its embodiments will
be hereafter referred to as the selective filter application
(SFA) method.

[0010] One advantage of the SFA method is that SNR is
accurately estimated even in the conditions of extreme
frequency variations. Extreme frequency variations typi-
cally exist in the signals received from LEO satellites. The
Doppler shift varies significantly in the signals transmitted
by LEO satellites, for example, from -3000 Hz to +3000 Hz,
varying at a maximum rate of 27 Hz/sec.

[0011] Another advantage of the SFA method is that SNR
is accurately estimated even in low SNR conditions.

[0012] Another advantage of the SFA method is that SNR
is accurately estimated even in the presence of high carrier
offsets.

[0013] Another advantage of the SFA method is that it can
be used for different types of modulation schemes, such as
binary phase shift keying (BPSK), M-ary phase shift keying
(mPSK), M-ary frequency shift keying (mFSK), and differ-
ential modulation schemes.

[0014] Another advantage of the SFA method is that the
signal does not have to be brought to base band for SNR
estimation.

BRIEF DESCRIPTION OF THE DRAWINGS

[0015] FIG. 1A illustrates the graphical representation of
the equation 2W+W;, ={./2 for the first embodiment of the
invention that uses a fixed filter low pass and high pass filter.

[0016] FIG. 1B illustrates the intersection of signal and
filter spectra that occurs when the equation 2W+W, ={/2
is not satisfied.

[0017] FIG. 1C illustrates the signal and filter spectrum for
the second embodiment of the invention that uses dynamic
filters.

[0018] FIG. 1D illustrates an example of a sampled signal
spectrum with discrete interferences.

[0019] FIG. 1E illustrates the application of the first mul-
tiple filter to the signal spectrum.

[0020] FIG. 1F illustrates the application of the second
multiple filter to the signal spectrum.

[0021] FIG. 1G illustrates the application of the third
multiple filter to the signal spectrum.

[0022] FIG. 1H illustrates the application of the fourth
multiple filter to the signal spectrum.

[0023] FIG. 11 illustrates the original signal spectrum.

[0024] FIG. 1J is a representation of the outputs of the
multiple filters as illustrated in FIG. 1E, FIG. 1F, FIG. 1G,
FIG. 1H and the original signal spectrum shown in FIG. 11.

[0025] FIG. 2 illustrates the method of SNR computation.

[0026] FIG. 3A illustrates a graph that compares the SNR
estimated by the proposed SFA method with the methods of
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prior art for a quadrature phase shift keying (QPSK) modu-
lated base band signal at 10 Hz frequency offset.

[0027] FIG. 3B illustrates a graph that compares the SNR
estimated by the proposed SFA method with the methods of
prior art for a QPSK modulated base band signal at 1000 Hz
frequency offset.

[0028] FIG. 4A illustrates a graph that compares the SNR
estimated using the SFA method with the SNR estimated
using a method of prior art for a symmetrical differential
phase shift keying (SDPSK) modulated base band signal at
0 Hz frequency offset.

[0029] FIG. 4B illustrates a graph that compares the true
SNR with the estimated SNR using the SFA method for a
SDPSK modulated base band signal at a high frequency
offset of 1000 Hz.

DETAILED DESCRIPTION OF THE
INVENTION

[0030] FIG. 1A illustrates the graphical representation 101
of the equation 2W+W ;,=1/2 for the first embodiment of
the invention that uses a fixed filter at both ends of the signal
spectrum 105. The sampling rate, abbreviated as f,, is
determined by an analog to digital converter (ADC). The
bandwidth of the low pass 103 and high pass 104 filters are
fixed at W Hz. The maximum signal bandwidth required is
assumed to be W, Hz. The bandwidth W of the low and
high pass frequency bands are selected such that the spec-
trum of one of those filters does not intersect with that of the
incoming signal 105. This is ensured by compliance to the

equation:

WA, <12

sig

[0031] FIG. 1B illustrates the graphical representation 102
intersection of signal spectrum 105 and filter spectra 103,
104 that occurs when the equation 2W+W_ S{/2 is not
satisfied. Ideally at least one of the two filters, i.e., either the
low pass filter 103 or high pass filter 104 must estimate only
the noise energy and should not estimate the energy in any
section of the signal spectrum 105. However, when the
signal spectrum 105 and filter spectrum 103, 104 intersect as
illustrated in FIG. 1B when the equation 2W+W; =1/2 is
not satisfied, both the high pass 104 and low pass filters 103
estimate not only the noise, but also a section of the signal

spectrum 105, as depicted by the shaded areas 106.

[0032] FIG. 1C illustrates the signal spectrum 105 and
dynamic filter spectrum 108 for the second embodiment of
the invention that uses dynamic filters 108. When the
characteristics of the signal 105 change to signal 107 due to
frequency shift, the filter 108 dynamically shifts to a new
position 109.

[0033] The center frequency W, of the received signal is
estimated by the receiver. The bandwidth of the filter (B) is
also known, for example B can be equal to signal bandwidth
W,ie For a modulated signal, W, =B+o B, where B is the
baud rate and « is the roll off factor of the pulse shaping
filter.

[0034] A single dynamic filter 108 is used at one end of the
signal spectrum 105 for noise energy estimation. The same
method, as illustrated under the description of FIG. 2 is
applied for the estimation of SNR using dynamic filters.
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[0035] When the center frequency of the signal 105 shifts
to a new position 107 as illustrated in FIG. 1C, the filter
response shifts correspondingly 109 and thereby, overlap of
the shifted filter response 109 with the actual signal 105 is
avoided.

[0036] A method for deriving a dynamic filter is given
below. The filter coefficients of the dynamic filter are cal-
culated. The dynamic filter is defined by its filter coeffi-
cients. The following values are known: bandwidth of the
filter B, center frequency of the original signal W, fre-
quency shift £, shift in center frequency of the signal W
and sampling duration T,. The objective is to derive the filter
coeflicients, thereby creating the dynamic filter.

[0037] Given the center frequency W and the frequency
shift f, of the original signal, the center frequency of the
shifted signal is defined by the equation,

Wpc=Wetfn
[0038] The design and application of a dynamic filter

comprises of first creating a filter and shifting it appropri-
ately as the original signal shifts.

[0039] The following example describes the method of
creating a Butterworth filter and dynamically shifting it.
Note that this invention is not restricted to the use of a
particular type of filter, such as the filter provided below. The
filter coefficients of a second order Butterworth band pass
filter are given as ng, n,, n,, d,, d, and d,,. T is the sampling
duration and B is the bandwidth of the filter.

C=cot(Wpex1/2)

ny=5.C

n,=0

n,=—B.C

dg=B.C+C?+1

d=-2(C%-1)

dy=—B.C+C%+1
[0040] The filter transform function H(z) is given as,

H(z)=(ngtn,z 41,2 ) (dghd) 271 +dz72)

[0041] When the center frequency of the original signal
shifts, the frequency shift is known and accordingly the
dynamic filter parameters are determined. After the dynamic
filter is applied to the signal spectrum, E is determined
by computing the dynamic filter output.

Noise

[0042] FIG. 1D illustrates an example of a sampled signal
spectrum 105 with discrete interferences. Discrete interfer-
ences to the signal cause non-uniform noise 110 in the
frequency domain. However, the non-uniform noise 110 or
discrete interferences in the frequency domain may or may
not reside in the signal spectrum 105.

[0043] FIG. 1E illustrates the application of the first mul-
tiple filter 111 to the signal spectrum 105.

[0044] FIG. 1F illustrates the application of the second
multiple filter 112 to the signal spectrum.

[0045] FIG. 1G illustrates the application of the third
multiple filter 113 to the signal spectrum.

[0046] FIG. 1H illustrates the application of the fourth
multiple filter 114 to the signal spectrum.

[0047] FIG. 11 illustrates the original signal spectrum 105.
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[0048] FIG. 1J is a representation of the outputs of the
multiple filters as illustrated in FIG. 1E, FIG. 1F, FIG. 1G,
FIG. 1H and the original signal spectrum 105 shown in FIG.
1L

[0049] Consider the case of a discrete interference or a non
uniform noise 110 illustrated in FIG. 1D. Consider the case
when M multiple filters are used. The actual white noise
energy F. ;.. 15 best represented by the filter that measures
the least energy.

ENoise=[I/Vsi‘;/W](min(EllE2 <o Ey)
where W, is the maximum signal bandwidth, M is the
number of multiple filters, w is the bandwidth of each

multiple filter, and E,, E, . . . E,,; are the noise values
estimated by the filters.

[0050] FIG. 2 illustrates the method of computation of
SNR. The in-phase sample ,(n) of the incoming signal is
passed through a low pass filter 201a, while the quadrature
phase sample Q,4(n) is passed through another low pass filter
2015, both the filters having a bandwidth W. I;; is the
in-phase sample of the digital signal after the application of
the low pass filter 201a to the in-phase sample 1,(n) of the
sampled signal. Q; is the quadrature phase sample after the
application of the low pass filter 2015 to the quadrature
phase sample Q4(n) of the sampled signal.

[0051] The application of the filters is illustrated by the
following equations:

I dL=I d *hL >
QdL= Qd *hL

[0052] where by is the filter coefficient and * represents
convolution.

[0053] The relation between the input ¢, and the output y,_
of the filter is given by the equation:

(Puxbo)+ (Y 1%b ) HIaoxba)t - . . =((uX o)+ n-1%a1)

[0054] where a,, a;, . . ., and b, b, . . .
coeflicients.

are filter

[0055] The filter may be of infinite impulse response (IIR)
or finite impulse response (FIR). The output in frequency
domain is given by:

Ly w)=H(w)xI(w)

Qar (W)=H(wxQq(w)
[0056] The outputs of the low pass filter 201a and 2015 are
fed to the squaring elements 203¢ and 203 respectively, that
square both the in-phase 1;; and quadrature phase Q,; low
pass filtered samples. The low pass signal energy (E;) is
obtained by summing the squares of the quadrature phase
sample of the noise energy and the in-phase sample of the
noise energy in a summer 205. The summer is fed with a one

step delay z~! 2124. The summing operation is illustrated by
the following equation

P-1
Ep =) I lp]+ 0 lp]
P=0

wherein, p is the time index with a predetermined limit.
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[0057] The in-phase sample 1,(n) of the incoming signal is
passed through a high pass filter 202a, while the quadrature
phase samples Q4(n) is passed through another high pass
filter 2025, both the filters having a bandwidth W. I  is the
in-phase sample of the digital signal after the application of
the high pass filter 202a, while Q4 is the quadrature phase
sample after the application of the high pass filter 20264.

[0058] Application of the filters is illustrated by the fol-
lowing equation:

T=I4*hy
QdH=Qd*hH
where hy; is the filter coefficient of the high pass filter.

[0059] Outputs of the high pass filters 202a and 202b are
fed to the squaring elements 203¢ and 203/ respectively, that
square both the in-phase and quadrature phase high pass
filtered output samples. The high pass signal energy (Ey) is
obtained by summing the squares of the quadrature phase
samples of the noise energy and the in-phase sample of the
noise energy in a summer 206. The summer is also fed with
one step delay z~! 212b.

n-1
Ei = ) I3yln] + Q%]

n=0

Wherein n is the time index with a predetermined limit.

[0060] The minimum of the low pass signal energy and
high pass signal energy is determined. This minimum is
represented by min (E;, E;) 204. The minimum is chosen
because if any one of the two low pass filters 201a or 2015,
or the high pass filters 2024 or 2025, filters a section of the
actual signal along with the noise. That particular filter will
provide a higher value for noise compared to the filter that
filters only the noise. Hence, the minimum of E; and E; 204
is the most representative of the noise energy without
discrete components. In case there is a discrete noise com-
ponent, which comes in the region of the low or high pass
filters, the minimum value of E; and E; ensures that the
discrete noise is not measured.

[0061] The minimum of E; and Ey 204 is fed to the
distributor 208. The ratio of maximum signal bandwidth
W to bandwidth W of the high pass filters 202a or 2026 and
the low pass filters 201a or 2015, W, /W is also fed to the
distributor 208.

[0062] Assuming additive white noise, the total noise
energy (E ) is calculated by the formula:

Noise
Enoise=Weig/WImin(Ey, Ey)]

[0063] The in-phase 1, (n) and quadrature phase Qg4 (n)

samples are fed to the squaring elements 2034 and 2036

respectively. The squared samples are summed using a
summer 207.

The total energy of the incoming signal T is represented by
N-1
T =" 13K+ Q3lk]

K:

=0









