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radio receiver

ABSTRACT

In modern times, almost all communication systems are digital. In the receivers of
such communication systems, the analog signal is discretized and quantized using an
analog-to-digital converter at an intermediate frequency. Automatic gain control is used to
avoid overloading the analog-to-digital converter and to maintain intermediate frequency
analog signals at a suitable fixed level. If the power of the received signals is much less
than the load level of the analog-to-digital converter, the automatic gain adjustment
increases the gain, reducing the quantization noise. If the received signal strength is high,
the automatic gain adjustment lowers the gain so that the analog-to-digital converter is
not overloaded. The accuracy of the adjustment of the transmission coefficient of the
automatic adjustment of the digital amplification does not always satisfy the requirements
given in real time. Based on the above, the article is devoted to the study of the digital
automatic gain regulator of the broadband radio receiver.
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1. Introduction

The development of broadband communication was served by the development of cheap
and not very large logic integrated circuits. This type of integrated circuits allows the
transition of broadband signal processing from analog to digital, increasing the stability
and linearity of the channels, increasing the diversity of channels and simplifying the
filtering. The use of digital signal processors and programmable logic integrated circuits
during the implementation of the digital signal processing algorithm made it possible to
reduce the size and mass of the device and significantly increase its reliability. Automatic
power regulation plays an important role in modern transceivers for GPS, WLAN,
Bluetooth, ZigBee, GSM analog and digital communication systems.

In order to ensure a fast response of the automatic gain adjustment system of the
broadband receiver to the change in the signal strength at the input, it is necessary to
adjust the parameters of the automatic gain adjustment under changing electromagnetic
conditions.

The input of a wideband receiver is affected by some random process, which we
consider in general as the broadcast of narrowband independent signals of unknown
intensity &(t) on a background of normal white noise:

Uinro (8) = &(8) + 211, Vi(t) - sinf@7f, t + 6,(t)), (1)

Here, V;(t) and 6;(t) are the starting phase of the i-th narrowband signal, f,; is the
carrier frequency of the i-th signal, is the number of M- band signals.



At times, the number of components is uncertain. There is also no a priori
information about the parameters of frequency modulation.

Each component of expression (1) can be viewed as a random normal process
with zero mean Uy (£) =0 and some U,y iven that each component of the
expression is approximately the same.

If there are dominances between M components due to separate power, then the
properties of stationarity and normality of the random process are violated. Then that unit
can be given as the sum of the sum of the strong components and the rest of the other
waves.

The problem of estimation of input signal parameters can be put as follows. Let's
assume that the wave voltage U, (t) in the accepted time interval (0, T) consists of the
unknown parameter A (in our case A is the amplitude of the signal) and the sum of the
signal S(t, A) which is smoothed from white noise:

Unntro() = s(t,A) + (@), 0<t<T 2

The signal S(t,A) consists of several harmonic signals of amplitude A and £(t) =
0, the following equation is true:

Unniro (t) = A - sini2rfyt), (3)

Here, A is the amplitude of the signal, f,- is the frequency of the signal. As can be
seen from figure 1., the reference signal R is compared with the modulus of the
instantaneous value of the output signal. Then the wrong amount is rounded in the filter.
Then, if we put the module (3) in the Fourier series, we get the value of the constant

component ¢ =%= 0,636 Thus, the normalized value of the support signal should be
0.636.

SOLVING THE PROBLEM

Assume that the input of the system includes harmonic signal S(t) and additive normal
|Ulntro (t)|

white noise &(t). Figure 1., it is shown that the quantity — o =
Wintro max .

Ropposite depENS
on different values of the signal/noise ratio.

As can be seen in figure 1., when the value of the signal-to-noise ratio is less than
30dB, the accumulation of the additive noise component starts to rise suddenly, which
causes the required reference value Ropposite t0 deviate from the reference value R. As a
result, it is necessary to adaptively set the digital system of automatic gain adjustment
(Ropposite) support level in order to prevent the tract from being reloaded during the
operation of the system if the noise level in the input signal increases.
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Figure 1. Dependence of R,,-on the signal-to-noise ratio.

Let's consider the case where the input of the system consists of 2 harmonic
components of different amplitude and frequency.

Unntro (4, £, £) = 2225 Sin(27t frin £) + A - sinli@ft), (4)

Here, A = (0' Amax )tf = (fmin;fmax )

As you can see, formula (4) can be written in another form:

Asin(wt + ¢) + Bsin(wt) = \/Az + B? + 2ABcos(g)
. —1 Asing
sin (wt + tan o 7 +3) (5)

It can be seen from the expression (5) that the main signal will be the sum
amplitude and will depend on the amplitude of both signals. If we consider expression (5),
we get;

A—”’Z“" SIN27 frin ) + A - sin(2nft) = Asin(wt) + ¢, (6)

2
Here, 1 = \/(Am%) + A2 + A- A, cosé is the sum amplitude.

Amax _sin (6)/2

G cos B2 1A phase, § = 2nf,,;,t — 2nft is the phase difference.

@ =tan™?

Then, the reference level quantity should correspond to the constant component
|Uoutput ()]
2
Figure 2. shows the dependence of the required reference signal quantity R on the
amplitude of the Il harmonic signal during the input effect described by the expression (4).
Meanwhile, the amplitude and frequency of the first signal are constant and equal to

A'"% = % = 0,5 and f,.;, = 4MHs. The frequency of the second signal is f = 7,5MHs

quantity regardless of the signal amplitude, or rather, R =
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Figure 2. The amplitude of the Il harmonic signal during the 2-signal effect of the

required support level

As can be seen from figure 2, the change in the signal strength at the input of the
digital system of the automatic gain adjustment is AR = 30% during the 2-signal effect.
The maximum value of the power occurs when the | and Il harmonic signal is equal.

The input of the broadband receiver is affected by the signal (1). Let's consider the
case where a signal consisting of M harmonic components of the same amplitude and
equally distributed over the spectrum is given to the input of the digital system of
automatic gain control. Let's look at the dependence of the required support level relative
to the harmonic components in the input signal (figure 3.).
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Figure 3. Dependence of the required support level Ropposite ON the number of
harmonic components.

As can be seen from figure 3., when there is a large amount of components
(M > 6) in the input signal, the dependence of the required reference signal Rqpposite ON
the amount of M components decreases. (M > 15R,pposite) IS located near the value of
0.1. Thus, the accumulation of each component decreases with the increase in their
prices. The value of the required reference signal Ropposite has a hyperbolic dependence

onM.
Apparently, the evaluation of the signal occurs after the analog-to-digital converter
block, that is, when a signal with a bias level greater than U,, /2 is applied to the input,

which leads to a converter reload.



When the bias of the input signal U,,2V, it becomes a maximum value, which

indicates that the calculated value for the R -reference signal is incorrect.

Thus, in order to ensure more accurate operation of the indicated automatic
gain adjustment system, it is necessary to add a reference signal building block to the
given circuit, which will evaluate the change in signal strength caused by the change in
electromagnetic conditions, not by the signal fading.

Figure 4. shows the structural diagram of the digital model of the automatic
adjustment of the hybrid power amplifier. This block consists of a power detector and a
switch. In which (R = 0,1) the value of the reference signal calculated at its minimum
value changes. Switching is performed when the reference signal level exceeds the
calculated value R,,,, = 0,636.
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Figure 4. Structural diagram of the digital model of the automatic regulation system
of the hybrid boost with the support level correction block.

CONCLUSION

Thus, the importance of establishing the support level of the automatic gain
adjustment system under the influence of a complex of harmonic signals at its input is
shown. The establishment of a reference level during the influence of a complex of
harmonic signals leads to a reduction in the error in the adjustment and allows to reduce
the adjustment time of the automatic gain adjustment system during the time of loading
the tract with strong obstacles and the analog digital converter during floor loading.
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