
ECE 5675 Digital PLL Laboratory Experiment

1 Introduction
The purpose of this laboratory exercise is to design, build, and experimentally characterize a second
order digital phase-lock loop (DPLL). The loop filter of primary interest is the proportional plus
accumulator, which leads to a type II. The PLL will be designed to operate at a specific carrier
center frequency, f0, loop natural frequency, !n, damping factor, �. The hold-in range will in
theory be infinite.

The entire design will be implemented in Python with real-time waveform capability the result
of using the scikit-dsp-comm module pyaudio_helper. The input signal r.t/ will be obtained
from a 120 MHz two-channel Function/Arbitrary Waveform Generator, the Agilent 33600A, or
the signal generator of the Analog Discovery. FM modulation capability is required. A photograph
of Dr. Wickert’s test set-up is given in Figure 1.

The system requirements are to design a second order PLL to initially have:

� Sampling frequency of 48 kHz

� Nominal carrier center frequency f0 D 16:0 kHz

� Natural Frequency !n D 2� � 100 rad/sec

� Damping Factor � D 1=
p
2

A low intermediate frequency of 16 kHz is used due to the constraints of the audio band codec
of PC sound systems.

1.1 Schedule
Laboratory teams will be limited to at most two members. I encourage you to work together,
hence do not work alone unless you feel this is your only option will be solo due to UCCS Covid-
19 policy through the end of the Spring semester. The class meeting of Wednesday April 1 will
be the first formal class meeting time assigned to work on this lab experiment. All work on this
lab will be conducted at an off-campus of your choosing, likely your home/apartment. We will
be using Slack and video conferencing to work through issues and ultimately demo your working
DPLL. For the demo I am most interested in seeing Problem 13 which finds the loop frequency
step response and finds the estimates O!n and O� from a time domain capture similar to Figure 9.

I expect a formal lab report to be written using Jupyter notebook or similar, which documents
the results of this experiment. One report per team student. The report is due no later than Friday
May 1, 2020.

2 PLL Subsystem Characterization
The system you will implement is shown in Figure 2. The use of an audio codec limits the sampling
rate to audio frequencies of fs=2 where fs is typically 44.1, 48, or 96 kHz. The lab was first
developed for fs D 44:1 kHz, but 48 kHz is the new requirement.
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External Audio Sound Card USB Dongle Analog Discovery - Hardware

Analog Discovery - Waveforms 
Software (macOS)
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interface

Behind the scenes, pyaudio_helper is used to 
create real-time DSP app of a DPLL

Figure 1: Photograph of a macOS set-up, Windows and Linux similar.
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Figure 2: Software DPLL using Pyaudio block diagram.
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The intermediate frequency (IF) is very low, only 16 kHz, so the input analog signal is con-
verted to an analytic signal [ref] which makes the signal complex, but in theory only the positive
spectrum exists. This way when the signal is converted to complex baseband there are no image
frequencies present, and in the case of the PLL, only the phase error signal is output. The elimi-
nation of the images provides a clean output waveform. With higher frequency IF’s other filtering
means are more reasonable.

A sample Jupyter notebook is provided for writing analysis, simulation, and real-time code. To
make code real-time you will need to write a callback function that pyaudio sends signal frames
to for real-time processing. A simple callback that just passes the input frame of samples on to the
output is shown below.
# define a pass through , y = x, callback
def callback(in_data , frame_count , time_info , status):

DSP_IO.DSP_callback_tic ()
# convert byte data to ndarray
in_data_nda = np.fromstring(in_data , dtype=np.int16)
#***********************************************
# DSP operations here
# Here we apply a linear filter to the input
x = in_data_nda.astype(float32)
y = x
# Typically more DSP code here
#***********************************************
# Save data for later analysis
# accumulate a new frame of samples
DSP_IO.DSP_capture_add_samples(y)
#***********************************************
# Convert from float back to int16
y = y.astype(int16)
DSP_IO.DSP_callback_toc ()
# Convert ndarray back to bytes
#return (in_data_nda.tobytes (), pyaudio.paContinue)
return y.tobytes (), pah.pyaudio.paContinue

Listing 1: Simple loop-through callback.

2.1 Laboratory Exercises
2.1.1 Analytic Signal Formation Characterization

In this subsection you will gain a better understanding of the analytic signal generation process.
Consider Figure for the next four tasks. The Hilbert FIR is designed to be flat over the band of
frequencies Œ14; 5; 17:5� kHz using the signal.remez() function in Listing 2.
fs = 48 # in kHz
# Filter coefficients for creating an analytic signal.
# Start with a Hilbert bandpass centered around the desired
# carrier frequency.
b_hilbert31 = signal.remez (31 ,[0 ,10 ,14.5 ,17.5 ,23 ,fs/2],[0,1,0],

weight =[10 ,100 ,22] ,fs=fs,type=’hilbert ’)

Listing 2: Hilbert bandpass centered on 16 kHz using signal.remez().



2 PLL SUBSYSTEM CHARACTERIZATION 5

Set to 0 to stream indefinitely
Set Tcapture = 0 to stop logging

Figure 3: Starting and stopping real-time processing.
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Figure 4: Evaluating the analytic signal generation.
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1. Start by creating a real 16 kHz sinusoid and look at the two-sided spectrum at the output
of the real-to-complex filtering scheme in the top of the system block diagram of Figure 2.
Make note of the attenuation of the negative spectrum relative to the positive spectrum. I
recommend using ss.my_psd() for the spectrum, e.g.,
P_r , f = ss.my_psd(r+1j*1e-12 ,2**12 ,fs)
plot(f, 10* log10(P_r))
title(r’Input 16 kHz Real Sinusoid $r[n]$’)
ylabel(r’PSD (dB)’)
xlabel(r’Frequency (kHz)’)
ylim ([ -80 ,20])

where r is the real sinusoid and to make my_psd show a two-sided spectrum we include
a small imaginary constant. You will do this in simulation using fs D 48 kHz, so scale
the frequency axis accordingly. The vertical axis should start at say -80 dB and stop at 20
dB. There is no point is displaying gain levels less that -100 dB. Use a 212 or greater FFT
length in the psd() function and at least 10,000 points. Note: An analytic signal is generally
formed as rŒn�˙ j OrŒn�, where OrŒn� is the Hilbert transform of rŒn�. TheC is used to form a
positive spectrum signal and the� is used to form a negative spectrum signal. For the Hilbert
filter recommended here, a sign change is needed to create a positive frequency spectrum and
suppress the negative frequency spectrum. Do you agree?

2. Now that you have seen that the analytic signal is not perfect, i.e., the negative spectrum is not
identically zero, plot the frequency response magnitude of the Hilbert filter. You may want to
use the plotting function, freqz_resp_list([]), found in sk_dsp_comm.fir_design_helper.
You can also overlay the delay filter on the same plot,
fir_d.freqz_resp_list ([b_delay31 ,b_hilbert31 ],[1,1],’dB’)}

Zoom in to see if there is any passband ripple, say [-0.05,0.05]. Does this help explain
why the negative frequencies are not perfectly canceled? Note the filter has 90ı phase shift
relative to the delay filter across all frequencies.

3. Now mix the 16 kHz analytic signal rCŒn� with a complex sinusoid at -16.1 kHz. This
should frequency translate to the left the spectrum of rCŒn� by 16.1 kHz. Examine the output
spectrum at �Œn� and also plot a few cycles of the waveform. Explain the two spectral
components you see in the spectrum plot. Is the waveform plot as expected?

4. Repeat (3), except now zero out the imaginary part of rCŒn�, that is eliminate the Hilbert
FIR. For the DPLL to work properly we desire �Œn� to contain only the difference frequency
term, so what is it that is happening when the Hilbert FIR is removed?

2.1.2 DDS Object Characterization

In this exercise you will learn how to work with the DDS object, which is set up to act like a
discrete-time version of a VCO. The end goal is learning how to set the center frequency and
understand the calibration of the DDS input.

5. To get started create an instance of the class initializing the center frequency to 0 Hz relative
to the sampling rate fs D 48 kHz:
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Figure 5: Working with the DDS class.

#fcenter , fs, kc=1, state_init =0
DDS1 = DDS(0,fs)

Generate 500 samples of the DDS1 output (DDS1.exp_output()) and DDS1.theta_hat by
setting up a for loop to fill arrays. I suggest initializing the arrays using:
theta_hat = zeros(len(n))
exp_theta_hat = zeros(len(n),dtype=complex128)

To use the object it is assumed that the first thing you do is read the current state, whether
it be theta_hat or using the method exp_output(). Note, the latter is a function, since it
forces a complex exp trig function call, something you don’t want to without thinking. In a
real DDS this would involve the use of a look-up table (LUT) that has efficiently stored one
quarter of a full cos/sin function at a prescribed bit width. The last step is update the accumu-
lator to get ready for the next pass through the loop. The update method, update(e_dds),
is where you get to load an input and have it scaled by the gain constant kc .

For this first test set the input eDDSŒn� to a constant on each pass through the loop. Make the
constant 2��200=f s. Make separate plots of theta_hat and the real part of exp_theta_hat,
scaling the time axis from samples to ms. You should see the accumulator output O�Œn� ramp-
ing positive in a modulo 2� fashion. In a real DDS the signal would a trueN -bit accumulator
stepping from 0 to 2N � 1 and starting over. Verify that the sinusoid frequency is 200 Hz
and explain how that relates to the constant input for eDDSŒn�. It should be clear that the
accumulator is stepping in radians by the input value times the gain kc .

6. For the DPLL to lock to a 16 kHz carrier we need to center the DDS output at 16 kHz. When
the loop is closed, the error signal from the loop filter, eDDSŒn�, will add or subtract from the
center frequency phase step a small adjustment value, as needed, to the DDS output phase
O�Œn� to allow it to follow the phase of the input carrier phase, �Œn�. With the loop still open
create DDS2, a DDS instance with center frequency set to 16.1 kHz and generate enough
samples of exp_theta_hat to multiply times the analytic signal output of Problem 3. Set
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eDDSŒ0� D 0 for this test. Plot a few cycles of the imaginary part of the output �Œn� versus
time in ms, and verify that you again get a 100 Hz sinusoid. To get the big picture of what
you are doing at this point, refer back to Figure 4.

2.1.3 Phase Detector Characterization

In this lab exercise you will finally start working with the callback to characterize the phase detector
gain in terms of the amplitude levels inside the callback for a 175 mV peak input sinusoid from
the signal generator. The DDS should be set up to produce a -16 kHz complex sinusoid when the
DDS input is set to zero. By observing the 100 Hz sinusoid at �Œn�, you will then be able to infer
the phase detector gain kd .

7. Configure the Keysight 33600A signal generator found on the bench top or an Analog Dis-
covery function generator to produce a 16.1 kHz sinusoid having a peak amplitude of 175
mV (350 mV p-p) as shown in Figure 6. The objective here is to have the sinusoid peak am-
plitude in software be about 20,000, so adjust the input amplitude if need be. This might
mean adjusting the audio controls on the Sabarent mic input to avoid overflow at this stage of
the audio processing chain. In the sample Jupyter notebook locate the code cell containing
the function callback_DPLL and also see that the cell immediately above, with comment tag
#Variables used globally, has Nframe, fs, and f0 defined as 1024, 44100, and 15000,
respectively.

pyaudio_helper-based
DPLL @ fs = 48 kspsor Analog Discovery 

or MSO-X 6004a

MSO-X 6004A or 
Analog Discovery

DSP_IO.data_
captureAudio 

Dongle

Keysight 33600A

350 mV p-p
IN
OUT

Figure 6: Basic hardware test setup.

As a simple pass through test software connect the array x_im to the output array y. Prepare
to run a short real-time test by (i) first finding the device indices that will be your input and
output audio connects. You will need to run pah.available_devices() and study the
listing. Typical macOS and Windows Jupyter notebook lists, with the Sabarent USB audio
dongle plugged in, are shown in Listings 3 and 4, respectively.
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0: {’name’: ’USB Audio Device ’, ’inputs ’: 1, ’outputs ’: 2},
1: {’name’: ’MacBook Pro Microphone ’, ’inputs ’: 1, ’outputs ’: 0},
2: {’name’: ’MacBook Pro Speakers ’, ’inputs ’: 0, ’outputs ’: 2}

Listing 3: macOS devices with Sabarent USB present

0: {’name’: ’Microsoft Sound Mapper - Input’, ’inputs ’: 2,
’outputs ’: 0},

1: {’name’: ’Microphone (USB Audio Device)’, ’inputs ’: 1,
’outputs ’: 0},

2: {’name’: ’Microphone (Realtek Audio)’, ’inputs ’: 2, ’outputs ’: 0},
3: {’name’: ’Microsoft Sound Mapper - Output ’, ’inputs ’: 0,

’outputs ’: 2},
4: {’name’: ’Speakers / Headphones (Realtek ’, ’inputs ’: 0,

’outputs ’: 6},
5: {’name’: ’Speakers (USB Audio Device)’, ’inputs ’: 0,

’outputs ’: 2},
6: {’name’: ’Microphone (Realtek HD Audio Mic input)’,’inputs ’: 2,

’outputs ’: 0},
7: {’name’: ’Stereo Mix (Realtek HD Audio Stereo input)’,’inputs ’: 2,

’outputs ’: 0},
8: {’name’: ’Speakers 1 (Realtek HD Audio output with SST)’,

’inputs ’: 0,’outputs ’: 2},
9: {’name’: ’Speakers 2 (Realtek HD Audio output with SST)’,

’inputs ’: 0,’outputs ’: 6},
10: {’name’: ’PC Speaker (Realtek HD Audio output with SST)’,

’inputs ’: 2,’outputs ’: 0},
11: {’name’: ’Speakers (USB Audio Device)’, ’inputs ’: 0,

’outputs ’: 2},
12: {’name’: ’Microphone (USB Audio Device)’, ’inputs ’: 1,

’outputs ’: 0}

Listing 4: Windows devices with Sabarent USB present

Note for the macOS example the USB audio device input and output both patch to the same
device index, Index 0. On Windows it is typical that a different device index is used for
input and output. For the example of Listing 4 the input is Index 1 and the output is Index
5. Using the appropriate indices instantiate a DSP_IO object from the pyaudio_helper
module:
DSP_IO = pah.DSP_io\_stream(callback_DPLL ,2,2,Nframe ,fs ,2)

The argument 2 allows the capture buffer to retain 2 s of audio samples. Connect an os-
cilloscope to the left audio output. There are cables in the lab that convert 3.5mm to BNC
for direct input to the bench-top scope. With the analog discovery you will need to make
your own interface such as http://www.eas.uccs.edu/~mwickert/ece5655/lecture_
notes/ARM/3_5mm_adapter.pdf. Now run a short 2s test in the cell below where you
instantiated the object.
#DSP_IO.thread_stream (2)
DSP_IO.interactive_stream (2)

The command commented out is a fall-back should the ipywidgets not be working on your
system. Assuming that interactive_stream works when you run the cell, you will get
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two buttons as shown in Figure 3. Now you can click the Start Streaming button and you
will capture 2s of input. If you run thread_stream(0) processing runs forever, but you
will be able halt the thread by issuing the command DSP_IO.stop_stream() in another
cell. Now scroll down to the cell:
Npts = 1000
Nstart = 2665
plot(arange(len(DSP_IO.data_capture[Nstart:Nstart+Npts]))*1000/48000 ,

DSP_IO.data_capture[Nstart:Nstart+Npts])
title(r’A Portion of the capture buffer ’)
ylabel(r’Amplitude (int16)’)
xlabel(r’Time (ms)’)
grid();

to make a plot of the capture. You should see a 16.1 kHz discrete-time sinusoid sampled at
48 kHz. You may need to adjust Nstart and/or Npts. You probably did not see much on the
scope, so now you will rerun the test by setting Tcapture 10 to 0 in the DSP_IO instantiation
cell, and in the interactive_stream cell set the argument to 0 which means run forever.
No timing and waveform capture will be made, but when you click Start Streaming you
can start making adjustments on the scope to see what should be a 16.1 kHz output sinu-
soid (remember you are just passing the imaginary part of the analytic signal directly to the
output). Stop streaming before moving on.

In this new version of the DPLL lab I am encouraging you to integrate the use of ipython
widgets in the callback function. This will give some interctive control while the code is
running. The widget code and a screen shot of the GUI controls which I used to document the
open-loop characterization of the phase detector is shown in Figure 7. The Jupyter notebook
sample contains more coding details on the use of the widgets.

8. That was easy, now its time to do more serious coding in the callback. Because the callback
brings a frame of samples to be processed, all off the code you write for the rest of the DPLL
will mostly be inside a for loop as you will need to do sample-by-sample processing for the
phase detector, DDS, and loop filter. The good news is the state variables of the DDS object
and the loop filter accumulator are managed by the object and are held as Python globals.

Instantiate a DDS object in the globals cell above the callback. Configure the object for a cen-
ter frequency of 16 kHz. In the callback set up a loop to run over Nframe samples and inside
the loop configure the DDS object to multiply samples of the array z byDDS1.output_exp().
Call this working variable phi. Also, following the DPLL block diagram of Figure 2, take
the imaginary part. At this point you are writing code to run open loop, which means the
input to the DDS should be zero. Before you exit the for loop be sure to copy [phi] into
elements of the out array y. Since y does not exist, you will have to allocate space for it
before you enter the loop, e.g., y = zeros_like(x) works.

Run the stream and see that the scope is outputting a 100 Hz sinusoid. Then reconfigure
DDS1 for a short capture and run the stream to fill the capture buffer. Plot a short section of
the capture buffer and see that you here also have a 100 Hz sinusoid (discrete-time version).

9. Finally, the sinusoid you have in the capture buffer from Problem 8 is a time varying version
of the phase detector. You need to record the slope of the sinusoid as kd . Explain why this
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Figure 7: Widget code for GUI interactivity of the DPLL testing.
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is true.

3 Second Order DPLL with Lead-Lag Loop Filter
With component testing completed, now its time to complete the code for the DPLL. The loop
filter takes the form:

F.z/ D ˛1 C ˛2

z�1

1 � z�1
: (1)

The coefficients ˛1 and ˛2 can be found using the equations in notes Chapter 3 and the kc and kd

constants determined or set earlier in this lab.
To reiterate from earlier discussions, the design from the analog characteristics perspective is

to choose: !n D 2� � 100 rad/s and � D 1=
p
2 at a nominal center frequency of 16 kHz. Unless

told otherwise all tests should be performed with fo D 16 kHz with the peak input amplitude being
175 mV (350 mV p-p). The intent of the 175 mV peak input is to have a peak amplitude out of the
phase detector in software (int_16 to float conversion) of about 20,000. Make input level changes
if needed.

3.1 Laboratory Exercises
Finish writing the loop control software and conduct dynamic testing of the DPLL using various
input waveform settings (manual frequency adjustment, square-wave frequency modulation (FM)
and sinusoidal FM).

10. Determine values for the loop filter coefficients to achieve the desired !n D 2� � 100 rad/s
and � D 1=

p
2. These coefficients need to be stored in the globals cell above the callback.

Make sure the variables are declared global in callback_DPLL.

11. Inside the callback for loop complete the software that will close the loop.

12. Does it lock? Run a test by streaming indefinitely so you can watch things on the scope
and see that the loop locks. When the loop locks the phase error should be a flat line with a
little bit of noise. If you move the input frequency around the loop may momentarily jump
out-of-lock, but then should pull back in rather quickly.

13. With the loop locked to the 16 kHz carrier move and configure the input generator as shown
in Figure 8 to produce square wave FM with a peak deviation of 75 Hz at a rate of 10 Hz.
On the Analog Discovery this frequency deviation is achieved with a modulation index of
0.5% relative to the carrier of 16 kHz. On the MSO-X 6004A one of the two built-in signal
generator can be configured similar to the 33600A.

The observed scope waveform should be similar to Figure 9. The shape of the positive pulse
should match the known frequency step response of a type II DPLL. Your job is to verify
this by performing a least-squares curve fit that minimizes the error between the measured
response and the known theory for a particular O!n and O�. This optimization will allow you
see how close you came to meeting your design requirements. Python code that imple-
ments this estimation technique is given in Listing 2. The critical code engine is the use of
scipy.optimize.minimize.
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On the 33600A (similar to the 33250A shown here) drill into 
the Mod key to find various modulation settings

Note: Modulation settings on the two waveform generators of 
the MSO-X 6004A scope are similar

Select modulation from the WaveGen pull down and configure

AD Wavegen Control Panel

16

6

Figure 8: Source configuration for square wave FM.

T / 2 = (1/ 10) / 2 s

From DSP_IO.data_capture at 48 ksps
φ[n]

n

Figure 9: Sample of the measured phase error due to 10 Hz square-wave FM.
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# Bound a pulse from the capture buffer and save it for post processing
savetxt(’sq_FM_capture.csv’,DSP_IO.data_capture [3200:3200+1500] ,

delimiter=’,’)

########################################################
phi_capture = loadtxt(’sq_FM_capture.csv’,delimiter=’,’,

skiprows=8,usecols =(0,),unpack=True)
########################################################
# Fine tune the pulse starting point and duration
shift = 70
duration = 800
plot(arange(len(phi_capture[shift:duration ]))/44100*1000 ,

phi_capture[shift:duration ])
phi_meas = phi_capture[shift:duration]
grid();

########################################################
# Use the minimize function in scipy.optimize to minimize a
# scalar function of the variables fn (wn/2/pi) and zeta
from scipy.optimize import minimize

########################################################
# Frequency Step MSE Objective function
def type2DPLL_Df_step_MSE(x,phi_meas ,make_plot):

n = arange(len(phi_meas))
fs = 44100
Dfa_by_fs = 75/fs
wn = 2*pi*x[0]
theta = 2*pi*Dfa_by_fs*n*ss.dstep(n)
zeta = x[1]
wn_by_fs = wn/fs
k1 = 2*zeta*wn_by_fs + wn_by_fs **2/2
k2 = wn_by_fs **2
b = signal.convolve ([1,-1],[1,-1])
a = [1, -(2-k1), (1 - k1 + k2)]
phi_thy = signal.lfilter(b,a,theta)
mse = sum(( phi_meas/max(phi_meas) - phi_thy/max(phi_thy))**2)
if make_plot:

plot(phi_meas/max(phi_meas))
plot(phi_thy/max(phi_thy))
legend ((r’Measured ’,r’Theory ’),loc=’best’)
grid();

return mse

########################################################
# Perform the minimization with initial guess: [fn,zeta] = [100 ,0.5]
res = minimize(type2DPLL_Df_step_MSE , [100 ,0.5] , args=(phi_meas ,0),

method=’Nelder -Mead’, tol=1e-8)

########################################################
#res # res shows all the results of the optimization
res.x # res.x just gives the final results for the variables in x
print(’Estimated Values for wn and zeta:’)
print(’wn_hat = 2pi *%3.2f rad/s and zeta_hat = %1.3f’ % \
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(res.x[0],res.x[1]))

########################################################
# Check the final results
type2DPLL_Df_step_MSE ([fn_hat , zeta_hat],phi_meas ,1)

Listing 5: Using scipy.optimize.minimize to estimate !n and � from the measured loop
frequency step response.

14. Consider a frequency domain approach to estimating !n and � from the sinusoidal FM re-
sponse of the loop. When the carrier modulation is a sinusoid, the input signal takes the
form

vRF.t/ D A sin
�
2�f0t C

�!s

�
sin.�t/

�
(2)

where the sinusoidal frequency modulation has radian frequency � and peak frequency de-
viation �!s D 2��fs.

Under steady state conditions the DPLL loop error signal is approximately that of the APLL,
except in discrete-time form, thus �Œn� is of the form

�Œn� D mx sin.�n=fs C �x/ (3)

Assuming your are passing �Œn� out through the audio DAC, you can observe �.t/ on the
scope directly

�.t/ D mx sin.�t C �x/ (4)

As the modulation frequency is varied the peak amplitude of the waveform observed on the
scope is simply (notes Chapter 3 p. 3–109)

mx ' �!s

�p
.!2

n ��
2/2 C 4�2!2

n�
2

(5)

We also know that mx is maximized when � D !n and the maximum value is given by

max
�
mx D

�!s

2�!n

(6)

If we define�0 and�00 as the upper and lower 3 dB frequencies with respect to the maximum
value of mx, then it can be shown that

!2
n D �

0�00 (7)
2�!n D �

0
��00 (8)

Thus experimentally measure �0 and �0 using the scope measurement capabilities, and ob-
tain estimates of !n and �. The carrier generator (function) generator settings should be the
same as Task 13, except the modulation waveform is change from being a square wave to si-
nusoid. You vary the FM modulation frequency, which earlier was 10 Hz. The peak observed
in the �.t/ signal should occur around 100 Hz. The 3dB down amplitudes which correspond
to �0 and �00 are when the amplitude is 0.707 times the peak amplitude. Compare these
estimate with time domain approach of Task 13.
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15. In this final exercise you will start by setting k2 D 0. Now the loop is 1st-order type I. The
loop lock range is not theoretically infinite anymore, as the loop filter integrator is gone.
Setting the linear model aside for the moment, we know that the output of the phase detector
is kd sin.�Œn�/. The s-curve shape of the sinusoidal phase detector takes on its extreme
values when � D ˙�=2. Thus the phase ramp (frequency step) input to the 1st-order loop,
when normalized by the loop gain k1, must be less than � or

�� D
2��fa=fs

k1

< sin.�=2/ D 1 (9)

or �fa <
fsk1

2�
(Hz) (10)

Find the range the loop remains locked (with k2 D 0) by varying the input frequency above
and below 6 kHz. The carrier generator here has FM modulation turned off. Record the
upper and frequencies just before the loop breaks lock and see how close they come to

15 � 103
�
fsk1

2�
< finput < 15 � 10

3
C
fsk1

2�
;

and thus establish the lock range close to the theoretical limit of flock D fo ˙ fsk1=.2�/
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