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A communication system build upon contemporary digital modulation principles on a DSP-based 

hardware platform where most of the tasks are performed in software through signal processing 
algorithms can easily accommodate existing and new coding and filtering algorithms to combat the 
real communication channel signal impairments. Such impairments like noise-induced errors and 
errors originating in the Inter-Symbol-Interference phenomenon are suppressed and even error-
correcting capabilities are provided by the proposed Trellis Coded Modulation (TCM) and Root-
Raised-Cosine (RRC) filter shaping algorithms and their assembly language implementations. The 
TCM is implemented with a QAM-16 constellation diagram to prove the basic functionality and 
efficiency of the DSP hardware in such computational tasks, but with minor modifications the same 
algorithm and code can achieve higher information rates through other more dense constellation 
plots. The RRC filter pulse shaping is a classical FIR filter DSP implementation example but requires 
oversampling of the output pulses and so faster processing to retain the same symbol rate. Both 
discussed advanced data preprocessing tasks prove the importance and efficiency of digital signal 
processing in present-day and future communication systems. 

Практическа реализация на алгоритми за корекция на грешки и компенсиране на 
ефекта на междусимволната интерференция в базиран на цифров сигнален процесор 
QAM-модулатор (Емил Владков). Комуникационна система, използваща принципите на 
съвременната цифрова модулация и изградена на базата на апаратна платформа с цифров 
сигнален процесор (ЦСП), при която повечето от задачите се осъществяват програмно, лесно 
може да бъде приспособена да използва съществуващи и нови алгоритми за кодиране и 
филтрация за справяне с проблемите със сигнала в реален комуникационен канал. Подобни 
проблеми като предизвикани от шум грешки и грешки, причинени от феномена на 
междусимволната интерференция, се подтискат и дори се осигуряват възможности за 
корекция на грешки посредством предложените решетъчен TCM и RRC филтриращ 
алгоритми и техните реализации на асемблерен език за ЦСП. TCM алгоритъма е осъществен 
посредством QAM-16 модулационна схема с цел доказване на базовата функционалност и 
ефективност на апаратното осигуряване с ЦСП при подобни изчислителни задачи, но с леки 
модификации същият алгоритъм и код може да осигури по-високи информационни скорости 
при използване на констелационни диаграми с повече точки. Формирането на изходните 
импулси посредством RRC-филтър е класическо приложение на КИХ цифрови филтри, но 
изисква повишаване на честотата на дискретизация на изходните импулси и поради това по-
бърза обработка за запазване на същата символна скорост. И двете дискутирани в статията 
задачи по предварителна обработка на данните доказват важността и ефективността на 
цифровата обработка на сигналите в съвременните и бъдещите комуникационни системи. 

 

I. Introduction 
Contemporary digital communications are 

relatively noise-proof compared to analog modulation 
techniques. Nevertheless they are prone to the digital 
cliff effect at large noise and interference levels and 
are subject to the Inter-Symbol-Interference 

phenomenon caused by the dispersion characteristics 
of the communication channel. The prototype digital 
modulator board based upon Digital Signal Processing 
(DSP) algorithms, presented in [1] and [2], can obtain 
improved functionality in respect to real 
communication channel impairments with the 
firmware additions of algorithm implementations of 

“Е+Е”, 1-2/2016 25



Trellis Coded Modulation and Root-Raised-Cosine 
filter pulse shaping discussed in this article. 

II. DSP algorithm of a Convolutional Encoder  
for Trellis Coded Modulation 

The idea behind Trellis Coded Modulation (TCM) 
of data before transmission is to provide an error 
correction mechanism through the addition of 
redundancy bits to the original data bits. To retain the 
same information bit rate with this increased number 
of bits to transmit there are two solutions. The first 
(trivial) one is to increase the transmission symbol 
rate of the system, which leads to the necessity of 
increased channel bandwidth with a direct 
consequence - a slightly degraded signal-to-noise ratio 
(less than 1.5dB) [3]. The second more sophisticated 
solution is to increase the number of possible 
transmitted symbols to accommodate the increased 
information rate. For the QAM-type of modulation 
this means doubling the points in the constellation 
diagram for every additional bit. In the case of the 
proposed project of a digital modulator ([1], [2]) 3 bits 
are transmitted through a QAM-16 constellation, 
which accounts for the added 1 redundancy bit. 
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 Fig.1. Trellis Coded Modulation (TCM) principle and 
convolutional encoding algorithm. 

Trellis coding adds dependency between 
successive symbols in the transmission and maximizes 
the Euclidean distance between possible sequentially 
transmitted symbols. So without coding every symbol 
in the constellation can be followed by every other 
possible symbol, but with TCM not every symbol is a 
valid one after the transmission of the previous 
symbol “X”. In classical modulation and coding 
techniques the coding precedes the process of 
modulation. In digital modulation it is possible to join 
the two processes – so the TCM is actually a form of 
coding implemented at the modulation (constellation 
diagram) level. The inventor of TCM Ungerboeck 
calls this “mapping by set partitioning” [4]. The 
philosophy behind these words is illustrated in the 
constellation diagrams in Fig.1. The large 
constellation consisting of 16 points to accommodate 
the error protection bit is subdivided into smaller sets 
with increased Euclidean distance between points. If 
the Euclidean distance for the complete QAM-16 
constellation was d, then by dividing the set into two 
smaller sets, one shifted against the other, this 
distance becomes √2d and by the next subdivision it 
becomes 2d. Greater distance between points means 
better error performance, as  errors occur with less 
probability due to a blurred symbol positions and 
overlapping. The process continues until there are N/2 
(8 in the depicted case for the QAM-16) separate sets 
with only two points in each. Here one of the 
important points in the philosophy of TCM is 
constituted – the two points are so wide apart that they 
don’t need to be protected by additional redundancy. 
So the most significant bit  (b3) is left through the 
encoder not participating in the encoding process 
(depicted in the encoder diagram at the bottom of 
Fig.1), it is used only to select between the two distant 
states. The protection against receiving the false state 
set due to noise is the second important point in the 
philosophy behind TCM. The remaining (without the 
MSB) bits (2 in the presented case) are coded 
(protected) so that a memory from the previous 
transmitted symbol is incorporated into the new 
symbol through the use of a convolutional code. A 
convolutional encoding is performed by convolving 
the input stream with the impulse response of the code 
to produce the output bit stream where the code 
impulse response is determined by the configuration 
and number of memory elements (delay line cells) of 
the encoder. The presented encoder has 8 possible 
states as it has a 3-bit delay line. Two bits (b2 and b1) 
are input to the encoder to determine the next state, so 
from every state the encoder can go to only 4 other 
states (not to all other possible states). The new state 
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depends on the previous state memorized by the delay 
line. Said simple after one symbol a limited number of 
possible symbols are expected. If another 
“unexpected” symbol arrives, then there is an error. In 
such error event the receiver performs a complicated 
algorithm, known as Viterbi decoding in going back 
through the states history and evaluating a metric, 
showing how different is the received sequence from a 
correct valid one – so the receiver determines with 
maximum likelihood what actually should have been 
received. It is possible in this way to correct errors 
arising from short noisy bursts, which have 
completely corrupted the data. A deeper evaluation of 
the tricks of Trellis Coding and Viterbi decoding can 
be found in many excellent texts on the subjects [3], 
[5]. 

The DSP-implementation of the Trellis Coded 
Modulation can be subdivided in two parts – the first 
one: the process of transforming user data, residing in 
the data_buffer, from 3-bit groups into 4-bit encoded 
groups (which will transform every 48-bit long 
location in the buffer into 2 32-bit long encoded 
locations) and then remapping the encoded data into 
the TCM-QAM-16 constellation, and the second one: 
the actual 3-bit to 4-bit convolutional encoding. The 
first task is a simple data manipulation task. The only 
peculiarity, which deserves attention, is that a special 
look-up table is used for the QAM-remapping, as the 
TCM-encoding implements a somewhat different 
constellation concerning the locations of the separate 
symbols. Therefore the TCM_QAM_16_constellation 
table in the Program Memory is used in place of the 
normal QAM_16_constellation. The second task is the 
actual error correction encoding process presented in 
assembly code for the ADSP-21061 SHARC DSP in 
the Fig.2 listing [6]. A closer look at the algorithm 
reveals its functionality. What actually happens is that 
3-bit groups are extracted from the R5-register, then 
they are encoded into 4-bit groups and the new 
symbols are written back to the R6-register. The 
whole process is performed in a loop, which executes 
8-times starting from the most significant symbols and 
ending with the least significant symbols occupying 
the LSBs of R6. As 8 3-bit symbols are encoded in a 
single pass of the subroutine (the subroutine 
Convolution_Encoder is called 2-times for every 48-
bit data_buffer location) actually 24-bits of user data 
are encoded into 4x8=32 bits (the complete R6 
register). After every execution of the encoder loop 
the extract and deposit positions of the source and 
destination registers are updated (they are 
decremented with the simple Rx=Rx-1 instruction). 
The positions are stored in the R3 register for the 

extract parameters and in R2 for the deposit 
parameters. The new extract location is obtained from 
the old one through three decrements and the new 
deposit location – through 4 decrements as 4-bits are 
deposited. As discussed in the Fig.1 explanations the 
encoder implemented adds dependency between 
succeeding symbols through the use of the S2-S1-S0 
delay line. In software this delay line is put into 
practice as the convolution_delay_line variable, stored 
in the data memory of the DSP. For every new 4-bit 
output symbol this delay line is read into the R0 
register, then it is updated (equivalent to the XOR-
operations and a right shift) and the new state 
calculated in R12 is put back into the delay line 
variable in DM. R7 is used to hold the 4-bit output 
symbol manipulated in the encoding process – the 
same R7 is deposited into the R6 result register. In the 
XOR-operations performed by the encoder functional 
diagram the R1 and R4 registers are involved. 

Fig.2. Assembly code for the TCM Convolutional Encoder. 

With minor modification, but following the general 
idea of the presented algorithm and its program 
implementation different other types of convolutional 
encoders can be easily implemented on a DSP. 

III. A solution for Inter-Symbol-Interference 
problems through a DSP RRC-filter 
implementation 

Due to the dispersion characteristics of the 
transmission channel (wired or wireless) the 
consecutive pulses representing the I- and Q- 
modulating data of a QAM digital modulator (after 
conversion to the analogue domain by the DAC) tend 
to smear into each other – a phenomenon called Inter-
Symbol-Interference (ISI) [7]. Due to this effect the 
probability of detecting a false voltage at the receiver 
at the sampling interval increases and so does the error 
rate too. The idea of pulse shaping through a 
dedicated filter is to change the way the consecutive 
symbols interact, so that this interaction cancels at the 
instants of the timing pulses, which sample the 

Convolution_Encoder: R6 = 0; /* Performs a convolutional encoder, transforming 3 bits to 4 bits symbols */ 
R3 = 0xDD; /* initial extract parameters 3-bits */ 

 R2 = 0x11C; /* initial deposit parameters 4-bits */ 
 LCNTR = 8, DO Convolution_Loop UNTIL LCE;  /* extracts 24 MS bits from input in R5 */  
  R7 = FEXT R5 BY R3; /* and deposits them as 32 bits in R6 */ 
  R3 = R3 - 1; 
  R3 = R3 - 1;  /* decrements extract position by 3 */ 
  R3 = R3 - 1; 
  R7 = LSHIFT R7 BY 1; 
  R0 = DM (convolution_delay_line);  /* 3 element delay line S2_S1_S0 */ 
  R1 = FEXT R0 BY 0:1; 
  R7 = R7 OR FDEP R1 BY 0:1; /* S0 becomes b0 in output symbol */ 
  R12 = FDEP R1 BY 2:1; /* S0 becomes S2 in the new delay line state */ 
  R1 = FEXT R0 BY 1:1; /* gets old S1 from delay line */ 
  R4 = FEXT R7 BY 1:1; /* gets b1 from output word */ 
  R4 = R1 XOR R4; 
  R12 = R12 OR FDEP R4 BY 0:1; /* new s0 = old S1 XOR b1 */ 
  R1 = FEXT R0 BY 2:1; /* gets old S2 from delay line */ 
  R4 = FEXT R7 BY 2:1; /* gets b2 from output word */ 
  R4 = R1 XOR R4; 
  R12 = R12 OR FDEP R4 BY 1:1; /* new s1 = old s2 XOR b2 */ 
  DM (convolution_delay_line) = R12; /* updates delay line */ 
  R6 = R6 OR FDEP R7 BY R2; /* deposit new 4 bit symbol in R6 output */ 
  R2 = R2 - 1; 
  R2 = R2 - 1;  /* decrements deposit position by 4 */ 
  R2 = R2 - 1; 
            Convolution_Loop:  R2 = R2 - 1; 
  RTS; 
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received data. The distortion of the signal before and 
after this specific moment does not matter – it actually 
increases, making the constellation diagram looking 
worse than if this precaution measure was not applied 
(which is clearly demonstrated later in the 
experimental results section). It should be stressed on 
the fact that sampling the received signal exactly at 
the correct time instant is very important, otherwise 
the shaping can become a complete failure to transmit 
any useful information. The most widely used shaping 
of the data pulses input to the channel is through a 
sinc-function (sin(x)/x). Using the sinc-function cuts 
the bandwidth needed to transmit the signal at half – 
this means that actually 1/2Hz per symbol is required 
in the case of a lowpass filter (with its impulse 
response being the sinc-function). When the 
sequential sinc-function shaped data pulses overlap 
(due to the not-avoidable ISI) the zeroes of the 
functions are exactly at the sampling timing instants 
as shown with the RC-pulse shapes presented in Fig.3 
– so the pulse at that instant is not being distorted by 
the other pulses. Unfortunately it is not possible to 
implement the sinc-function in a real world design and 
this is because its tails extend to infinity which can not 
be accomplished with real signals. The solution to this 
problem is to use a finite approximation to the sinc-
function and this is usually the Raised Cosine (RC) 
function. The frequency spectrum of an ideal sin(x)/x 
filter (sinc-function) is a square function which 
determines the bandwidth of the signal W0 (called 
Nyquist bandwidth). The RC-approximation is a 
relaxation of the square shape bandwidth constraint, 
where the bandwidth W can be varied from W0 to 
2W0. The excessive bandwidth compared to the ideal 
case is usually expressed by the roll-off factor α, 
given in equation (1) 

(1) 
W
W01−=α . 

The increase of the roll-off factor usually increases 
the necessary bandwidth needed for a given symbol 
rate RS. Typical values of α in telecommunication 
applications of the Raised Cosine filter are in the 
range from 0.2 to 0.4, although the proposed value in 
the prototype application is 0.15. The truncation of the 
impulse response of the sinc(x)-function leads to the 
representation of the Raised Cosine filter transfer 
function, given in equation (2) with TS representing 
the symbol interval [7], [8]. It should be clear that the 
term “raised cosine” originates from the squared 
cosine function in this frequency response 
representation. 
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To achieve a matched filter set on both sides of a 
communication channel the Raised Cosine filter is 
split in two parts – one residing at the transmitter and 
one at the receiver. This means that the frequency 
response of every part of the matched filter should be 
the root of the complete filter response. This is the 
origin of the term Root-Raised-Cosine filter. The 
situation is depicted in the communication channel 
block diagram in Fig.3. 

In practical implementations RRC-filters are build 
as FIR (Finite Impulse Response) filters with a fixed 
number of taps (coefficients) [9]. The more the 
coefficients the better the filter – a better rejection in 
the stopband of the frequency response is achieved. 
To allow for the effective shaping of the QAM-pulse 
at the input of the RRC-filter the QAM-signal has to 
be oversampled (several samples of one and the same 
pulse have to go into the filter to obtain a good shaped 
RRC-pulse at the output). In the DSP-implementation 
of this FIR-filter the oversampling factor is set to 4, 
which means that at the same clock frequency of the 
Digital Signal Processor (40MHz) the maximum 
possible symbol output rate (80MSymbols/sec) has to 
be decreased by 4, leading to output rate of 
20MSymbols/sec with occupied lowpass channel 
bandwidth of 11.5MHz ((1+α)RS/2).  

The assembly code for the filter implementation is 
shown in the Fig.4 listing. It implements a standard 
DSP-based FIR-filter with 32 coefficients stored in the 
raised_cosine_coeff buffer in program memory. The 
coefficients have been calculated through a dedicated 
RRC-filter software (ScopeFIR [10]) to obtain the 
roll-off factor of 0.15 at the given symbol rate. A short 
discussion of the code will follow. 

The essential parts of the code are the two loops 
following the loading of the loop counter LCNTR – 
one for the I-component and one for the Q-component 
of the signal. The loops are executed 31 times for 
every sample with one additional multiply-and-
accumulate instruction placed outside the loop to 
make the code more efficient. The multiplication 
results of delay-line taps and coefficients are stored in 
the f8-register and the output sum of the filter is 
accumulated in the f12-register. The calculations are 
performed in floating point format, which explains the 
“F” before the register number (in fixed point 
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implementations the same register is referenced as R 
register) [6]. Fetching the filter coefficients is done 
through index addressing using the I11 register of the 
DSP. Fetching the samples of the QAM-signals from 
the delay lines employs the I2 and I3 registers, 
pointing correspondingly to the delay_line_Q for the 
Q-component and to the delay_line_I for the I-
component. QAM input data in form of 12-bit DAC-
ready values arrives in the PX 48-bit wide register. At 
the entry and at the exit of the RRC-subroutine the 
individual 12-bit values in PX need to be flipped as 
they come out from the remapper with MSB and LSB-
parts exchanged to suit the hardware arrangement of 
the daughter board of the prototype [1]. This is done 
by the Flip_PX subroutine. The I- and Q-portions of 
the PX-data are extracted in the r12 fixed point 
register. They are then converted to floating point 
representation (the FIR is realized in floating point 
format) through the FLOAT-instruction with its 
output in f12 and than fed into the filter delay line. At 
the output of the filter the result in register f12 is 

converted back to a fixed-point representation in r8 
through the FIX-instruction. The fixed-point data in r8 
should not exceed the range of the digital-to-analog 
converter (12-bit) provided the RRC-filter is 
functioning properly without adding artifacts to the 
QAM-signal. If this is not the case the CLIP by 0xfff 
(max. range of the DAC) instruction limits the true 
output of the filter to a value, which can be reasonable 
converted to analog voltage by the DAC. The so 
clipped result in r8 is deposited back into the r12 
register and than the PX 48-bit word is put together, 
this time consisting of RRC-filtered DAC-values. 

The RRC and RC filters (depending on the design 
decision and the calculation of the coefficients the 
filter can be both raised or root raised with the same 
DSP-code) have been implemented only in State 1 of 
the Digital Modulator software [2], where suppressing 
the Inter-Symbol-Interference is accomplished for 
QAM-16 modulated data. Without any modification 
of the implementation the RRC filter can be used for 
the other QAM modulation schemes as well. 
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Fig.3. DSP-based Root-Raised-Cosine filter functional diagram and implementation for suppressing Inter-Symbol-Interference. 
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Fig.4. Assembly code for the Root-Raised-Cosine Filter 
used to prevent ISI. 

IV. Experimental results obtained by applying 
the RRC filter  

The scope screenshot in Fig.5 represents the QAM-
16 constellation without applying any pulse shaping to 
the symbols. The Fig.6 screenshot is the same origin 
QAM-16 signal but RRC filtered to combat the ISI.  

It is obvious that the pulse shaping leads to a 
distorted constellation plot, almost not recognizable, 
but the strength of this method lies in sampling the 
signal at the correct instants at the receiver. 

 
Fig.5. QAM-16 constellation diagram without any pulse 

shaping prior to transmission. 

 
Fig.6. RRC filter shaped QAM-16 constellation diagram. 

V. Conclusion 
The versatility of a DSP-based digital modulator is 

based on the possibility to easily and efficiently 
implement in software existing and new coding 
algorithms and even shape the output stream by digital 
filters to best match the communication channel 
characteristics. The described herein TCM and RRC-
filtering algorithms and their DSP implementations 
make it possible to build an error-resistant 
communication system, which can work on band-
limited channels with information rates starting at 
240Mbps at code rate 3/4, which can be upgraded to 
560Mbps at code rate 7/8 with gross bitrate of 
640Mbps. These high data rates can be increased 
much more by implementing a more powerful digital 
signal processor with the symbol transfer rate of 
80MSymbols/sec being the main limitation of the 
utilized DSP hardware. 

Raised_Cosine_Filter:  /* Performs Root Raised Cosine 
Filter on I and Q 4x oversampled components */ 

 CALL Flip_PX; 
 r8 = PX1; /* Processes Q-data */ 
 r12 = FEXT R8 BY 0:12; 
 f12 = float r12; 
 dm (i2,m2) = f12; 
 f12 = 0; 
 f8 = 0; 
 f2 = dm (i2,m2), f4 = pm (i11,m11); 
 LCNTR = Filter_taps-1, do (pc,1) until LCE; 
  f8 = f2*f4, f12 = f8 + f12, f2 = dm (i2,m2), 
f4 = pm (i11,m11); 
 f8 = f2*f4, f12 = f8 + f12; 
 f12 = f8 + f12; 
 r8 = fix f12; 
 r1 = 0xfff; 

r8 = CLIP r8 by r1; /* Prevents filter output 
from exceeding the 12-bit resolution of the DAC */ 
 r12 = FDEP r8 BY 0:12; 
 PX1 = r12; 
  
 r8 = PX2;  /* Processes I-data */ 
 r12 = FEXT R8 BY 8:12;  
 f12 = float r12; 
 dm (i3,m3) = f12; 
 f12 = 0; 
 f8 = 0; 
 f2 = dm (i3,m3), f4 = pm (i11,m11); 
 LCNTR = Filter_taps-1, do (pc,1) until LCE; 
  f8 = f2*f4, f12 = f8 + f12, f2 = dm (i3,m3 ), 
f4 = pm (i11,m11); 
 f8 = f2*f4, f12 = f8 + f12; 
 f12 = f8 + f12; 
 r8 = fix f12; 
 r1 = 0xfff; 

r8 = CLIP r8 by r1;  /* Prevents filter output 
from exceeding the 12-bit resolution of the DAC */ 

r12 = FDEP r8 BY 8:12; 
 PX2 = r12; 
 CALL Flip_PX; 
 RTS; 
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