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Using the Circular Buffers on the TMS320C5x

Contributed by Thomas G. Horner

Design Problem How do I use the circular buffers on the TMS320C5x to implement an input sample
delay buffer for filtering, FFTs, and control system transfer function calculations?

Solution The TMS320C5x family has special memory-mapped registers and associated cir-
cuitry for two circular buffers. One of the eight auxiliary registers is used as a pointer
into the circular buffer. Two memory-mapped registers are associated with each cir
cular buffer that need to be initialized with the start and end addresses.

Once the circular buffers are initialized, the question becomes: How do I use
these circular buffers in a filter, etc. calculation? Two different scenarios will be out
lined in this Designer’s Notebook page.

1. The first is a standard filter implementation where the input array and coefficient
array are the same size and only a single output is kept.

2. In the second, there is pure delay in the system as well as a filter, transfer func-
tion, etc. This type of system can have input or output arrays that are larger than
the coefficient arrays.

Examples of these types of systems are telephone networks, remote control sys-
tems, etc.
A block diagram of the system and a time response is shown in Figure 1.
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Figure 1.
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where:
t; = Total time delay through the system
th = Time delay through filter, etc.
t; = Time delay at system input
t; = Time delay at system output
F, = Sample rate

In standard filter implementations, t; = t; = O, which makes the input sample
and coefficient arrays equal length. This is the most straight forward use of a cir-
cular buffer. Only a single circular buffer is required for this type of problem. It is
used as the pointer to the input array which changes with time. The equation to
be solved is of the form:

y(n) =a0)*x(n) + a(L)*x(n-1) + ... + a(N-1)*x(n-N+1)
where N = tp, * F

At any given time the input sample circular buffer would look like the follow-
ing:

Buffer Start Address
x(n-1)
AR(i
—(I)> x(n)
x(n—-N+1)
X(n—-N+2)
Buffer End Address

Figure 2.

Before the circular buffers can be used, they need to be setup. This is done as
part of the initialization routine. Once the circular buffer is setup, it can be used
in filter calculations. At the beginning of each sample period, a new sample will
be read into the circular buffer, overwriting the oldest sample. The newest sample
x(n) will be stored at the memory location pointed at by auxiliary register AR(i).
Then the filter calculation will be performed and the pointer adjusted for the
next new input sample. An example of this code is shown below.

Note that the example calculation starts at the oldest sample, x(n-N+1), and
proceeds to the newest sample, x(n). As a result, the coefficients need to be

68-2



68-3

accessed in reverse order in the array (aN-1, aN-2, ...). Using the MAC command
requires that the coefficients be stored in reverse order. This is because the PreFetch
Counter (PFC) is used to point to the coefficients stored in PROGRAM memory
space and the PFC only has an increment function.

INITIALIZE CIRCULAR BUFFERS
splk #0feh,CBCR ;Initialize circular buffer #1
; CB#1 pointer = AR6

lacc #XRAM Initialize buffer start address
samm CBSR1 ;CB#1 Start Register
samm AR6 ;Initialize ARG to start address
add #Th-1 ;Initialize buffer end address
samm CBER1 ;CB#1 End Register

N TAP FILTER CALCULATION ISR FILTER
Idp #0 ;Setup DP and ARP
mar *AR6

lacc output ;Read latest output from memory
samm DXR ;and write to serial port

lamm DRR  ;Read latest input from serial port
sacl *+ ; store to memory and increment pointer

rptz Th ;Compute filter response

mac COEF*+ ;Use Th for extra APAC + pointer
; realignment

sach output ;Write output to memory

rete ;Return to MAIN w/ interrupt enable

A more complicated system results when there is some pure delay in the system
(i.e., where t] or t; do not equal zero). An example of this would be a telephone 2:4
wire hybrid simulation which could be used to develop echo cancellation applica-
tions. There is a delay from the time the signal enters the telephone line to the time
it reaches the hybrid (t7). Then the hybrid acts on the signal reflecting part of the
energy back towards the sender (t,). Finally, there is the pure delay of the signal trav-
eling back to the sender from the hybrid (t).

In this case there is pure delay before and after the filter transfer function. It
would seem to be necessary to setup coefficient, input, and output buffers long
enough to cover the entire time period:

N = (t+ty+t7) * F

However, with a little planning, it is possible to save (t;+t;)*F; memory locations
for the coefficient array, t;*F; memory locations for the input buffer, and t;*F; mem-
ory locations for the output buffer.

To reduce the requirements for the coefficient array, you need to take into ac-
count the fact that, during time periods t; and t;, there is no modification to the sig-
nal’s frequency content or magnitude. It is only during time period “g,” that the



signal is affected by the system. If a coefficient array were to be setup to imple-
ment an N tap filter of the form:

y(n) = a(0)*x(n) + a(1)*x(n-1) + ... + a(N-1)*x(n-N+1)

covering the time period
tr = ttht

with:
N = (t1+th+t2) *Fs=Np + Np + Ny and,
NI = 9] * FS
Nh = t, * F
N2 = ) * FS
then,

a(0) to a(N1-1) =0and,
a(N1+Nh) to a(N-1) =0

Using this fact, the difference equation can be simplified to:

y(n) = a(N1)*x(n-N1) + a(N1+1)*x(n-N1-1) + ... +
a(N1+Nh-1)*x(n-N1-Nh+1)

which saves N1+N2 memory locations for coefficients plus N1+N2 multiplies
and adds for the filter calculation. Since coefficients a(N1+Nh) to a(N-1) are
equal to zero, then corresponding input samples x(n—-N1-Nh) to x(n—-N1+1)
don’t need to be stored in the input sample buffer because they will not be used
in the filter calculation. This saves N2 memory locations in the input sample buff-
er. Input samples from x(n) to x(n-N1+1) are required, however, to provide the
pure delay during time period t;. The output buffer needs t,*F; locations to repre-
sent the delay through the filter and an additional t*F; locations for the pure de-
lay during time period t;. There can never be any system response during time
period t] because the signal has not reached the filter yet, so it is not necessay to
save outputs for this time period. This saves t;*F; memory locations for the
ouptput array.

A key element in being able to take advantage of these memory savings is cor-
rectly maintaining the pointers to the input and output buffers. It is these point-
ers which will allow the time delays to be represented correctly. In both buffers,
the newest and oldest values are in consecutive memory locations, with the old-
est following the newest. When a new sample period begins, the oldest output
value is read out of the memory and sent to an I/O port. The output buffer is now
ready to receive a new computed filter response which will replace the oldest
value that is no longer needed. Once the new output value is stored to memory,
the pointer will be incremented to point at the oldest value to be used in the
next sample period.

The procedure for the input buffer is slightly different. When a new sample
period begins, the newest sample is stored at the pointer location and then the
pointer is incremented to point to the oldest remaining sample in the buffer. It is
the oldest t,,*F, samples that will be used in the filter calculation, starting with
the oldest sample. As a result, the coefficients need to be stored in reverse order
as in the simple filter example. In addition, the input buffer pointer must be
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restored to its beginning value because the pointer does not wrap all the way back
around to the beginning of the buffer during the calculation as it does in the stand-
ard filter implementation. This is because the first t;*F; samples are not used to com-
pute the filter response.

The picture below shows a long buffer (no memory savings) plus the memory re-
duced input, x(n); output, y(n); and coefficient, a(n) arrays with the corresponding
pointers. An example of how to implement this technique in software follows:

long
buffer x(n)
delay :
newest ﬂ(')
oldest y(n) a(n) PFC
: a(N-1) [«
a(N-2)
filter
a(0)
newest |«——
oldest | AR()
delay
Figure 3.
INITIALIZE CIRCULAR BUFFERS
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:Initialize circular buffers
splk  #0feh,CBCR ; CB#1 pointer = AR6
; CB#2 pointer = AR7

;Initialize CB#1 = Input data
lacc #XRAM :Buffer start address
samm CBSR1 ; Initiailize Start register
samm  AR6 JInitialize ARG to CB#1 start address
add #(T1+Th-1) ;Compute end address
samm CBER1 ;Initialize End register

;Initialize CB#2 = Output data
lacc #YRAM :Buffer start address
samm CBSR2 ; Initialize Start register
samm  AR7 JInitialize AR7 to CB#2 start address
add #(Th+T2-1) ;Compute end address
samm CBER2 ;Initialize End register




N TAP FILTER CALCULATION W/ DELAY ISR FILTER
dp  #0 ;Setup DP and ARP
mar * AR7

lacc *AR6 ;Read delayed output from CB#2
samm DXR ; and output to serial port

lamm  DRR ;Read latest input from serial port
sacl *+4 ; and store to CB#1 (XRAM array)
smmr  ARG6#cbl ;Store start of x(n) array address

rptz Th ;Compute filter response

mac COEF*+ ;Use Th (N+1) to get extra APAC
mar  *AR7 ;Store resultin y(n) array in CB#2
sach *+AR6 ;and increment pointer

Immr  ARG6#cbl ;Restore x(n) array start address.
rete ;Return to MAIN w/ interrupt enable
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