
Appendix A. Verilog Code of Design Examples

The next pages contain the Verilog 1364-2001 code of all design examples.
The old style Verilog 1364-1995 code can be found in [441]. The synthesis
results for the examples are listed on page 881.

//*********************************************************
// IEEE STD 1364-2001 Verilog file: example.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module example //----> Interface
#(parameter WIDTH =8) // Bit width
(input clk, // System clock
input reset, // Asynchronous reset
input [WIDTH-1:0] a, b, op1, // Vector type inputs
output [WIDTH-1:0] sum, // Vector type inputs
output [WIDTH-1:0] c, // Integer output
output reg [WIDTH-1:0] d); // Integer output

// --------------------------------------------------------
reg [WIDTH-1:0] s; // Infer FF with always
wire [WIDTH-1:0] op2, op3;
wire [WIDTH-1:0] a_in, b_in;

assign op2 = b; // Only one vector type in Verilog;
// no conversion int -> logic vector necessary

lib_add_sub add1 //----> Component instantiation
( .result(op3), .dataa(op1), .datab(op2));

defparam add1.lpm_width = WIDTH;
defparam add1.lpm_direction = "SIGNED";

lib_ff reg1
( .data(op3), .q(sum), .clock(clk)); // Used ports

defparam reg1.lpm_width = WIDTH;

assign c = a + b; //----> Data flow style (concurrent)
assign a_i = a; // Order of statement does not
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assign b_i = b; // matter in concurrent code

//----> Behavioral style
always @(posedge clk or posedge reset)
begin : p1 // Infer register

reg [WIDTH-1:0] s;
if (reset) begin

s = 0; d = 0;
end else begin

//s <= s + a_i; // Signal assignment statement
// d = s;
s = s + b_i;
d = s;

end
end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: fun_text.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// A 32 bit function generator using accumulator and ROM
// --------------------------------------------------------
module fun_text //----> Interface
#(parameter WIDTH = 32) // Bit width
(input clk, // System clock
input reset, // Asynchronous reset
input [WIDTH-1:0] M, // Accumulator increment
output reg [7:0] sin, // System sine output
output [7:0] acc); // Accumulator MSBs

// --------------------------------------------------------
reg [WIDTH-1:0] acc32;
wire [7:0] msbs; // Auxiliary vectors
reg [7:0] rom[255:0];

always @(posedge clk or posedge reset)
if (reset == 1)

acc32 <= 0;
else begin

acc32 <= acc32 + M; //-- Add M to acc32 and
end //-- store in register

assign msbs = acc32[WIDTH-1:WIDTH-8];
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assign acc = msbs;

initial
begin

$readmemh("sine256x8.txt", rom);
end

always @ (posedge clk)
begin

sin <= rom[msbs];
end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: cmul7p8.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module cmul7p8 // ------> Interface
(input signed [4:0] x, // System input
output signed [4:0] y0, y1, y2, y3);

// The 4 system outputs y=7*x/8
// --------------------------------------------------------
assign y0 = 7 * x / 8;
assign y1 = x / 8 * 7;
assign y2 = x/2 + x/4 + x/8;
assign y3 = x - x/8;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: add1p.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module add1p
#(parameter WIDTH = 19, // Total bit width

WIDTH1 = 9, // Bit width of LSBs
WIDTH2 = 10) // Bit width of MSBs

(input [WIDTH-1:0] x, y, // Inputs
output [WIDTH-1:0] sum, // Result
input clk, // System clock
output LSBs_carry); // Test port

reg [WIDTH1-1:0] l1, l2, s1; // LSBs of inputs
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reg [WIDTH1:0] r1; // LSBs of inputs
reg [WIDTH2-1:0] l3, l4, r2, s2; // MSBs of input

// --------------------------------------------------------
always @(posedge clk) begin

// Split in MSBs and LSBs and store in registers
// Split LSBs from input x,y
l1[WIDTH1-1:0] <= x[WIDTH1-1:0];
l2[WIDTH1-1:0] <= y[WIDTH1-1:0];
// Split MSBs from input x,y
l3[WIDTH2-1:0] <= x[WIDTH2-1+WIDTH1:WIDTH1];
l4[WIDTH2-1:0] <= y[WIDTH2-1+WIDTH1:WIDTH1];

/************* First stage of the adder *****************/
r1 <= {1’b0, l1} + {1’b0, l2};
r2 <= l3 + l4;

/************** Second stage of the adder ****************/
s1 <= r1[WIDTH1-1:0];

// Add MSBs (x+y) and carry from LSBs
s2 <= r1[WIDTH1] + r2;

end

assign LSBs_carry = r1[WIDTH1]; // Add a test signal

// Build a single registered output word
// of WIDTH = WIDTH1 + WIDTH2
assign sum = {s2, s1};

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: add2p.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// 22-bit adder with two pipeline stages
// uses no components
module add2p
#(parameter WIDTH = 28, // Total bit width

WIDTH1 = 9, // Bit width of LSBs
WIDTH2 = 9, // Bit width of middle
WIDTH12 = 18, // Sum WIDTH1+WIDTH2
WIDTH3 = 10) // Bit width of MSBs

(input [WIDTH-1:0] x, y, // Inputs
output [WIDTH-1:0] sum, // Result
output LSBs_carry, MSBs_carry, // Carry test bits
input clk); // System clock

// --------------------------------------------------------
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reg [WIDTH1-1:0] l1, l2, v1, s1; // LSBs of inputs
reg [WIDTH1:0] q1; // LSBs of inputs
reg [WIDTH2-1:0] l3, l4, s2; // Middle bits
reg [WIDTH2:0] q2, v2; // Middle bits
reg [WIDTH3-1:0] l5, l6, q3, v3, s3; // MSBs of input

// Split in MSBs and LSBs and store in registers
always @(posedge clk) begin

// Split LSBs from input x,y
l1[WIDTH1-1:0] <= x[WIDTH1-1:0];
l2[WIDTH1-1:0] <= y[WIDTH1-1:0];
// Split middle bits from input x,y
l3[WIDTH2-1:0] <= x[WIDTH2-1+WIDTH1:WIDTH1];
l4[WIDTH2-1:0] <= y[WIDTH2-1+WIDTH1:WIDTH1];
// Split MSBs from input x,y
l5[WIDTH3-1:0] <= x[WIDTH3-1+WIDTH12:WIDTH12];
l6[WIDTH3-1:0] <= y[WIDTH3-1+WIDTH12:WIDTH12];

//************** First stage of the adder ****************
q1 <= {1’b0, l1} + {1’b0, l2}; // Add LSBs of x and y
q2 <= {1’b0, l3} + {1’b0, l4}; // Add LSBs of x and y
q3 <= l5 + l6; // Add MSBs of x and y

//************* Second stage of the adder *****************
v1 <= q1[WIDTH1-1:0]; // Save q1

// Add result from middle bits (x+y) and carry from LSBs
v2 <= q1[WIDTH1] + {1’b0,q2[WIDTH2-1:0]};

// Add result from MSBs bits (x+y) and carry from middle
v3 <= q2[WIDTH2] + q3;

//************* Third stage of the adder ******************
s1 <= v1; // Save v1
s2 <= v2[WIDTH2-1:0]; // Save v2

// Add result from MSBs bits (x+y) and 2. carry from middle
s3 <= v2[WIDTH2] + v3;

end

assign LSBs_carry = q1[WIDTH1]; // Provide test signals
assign MSBs_carry = v2[WIDTH2];

// Build a single output word of WIDTH=WIDTH1+WIDTH2+WIDTH3
assign sum ={s3, s2, s1}; // Connect sum to output pins

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: add3p.v
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// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// 37-bit adder with three pipeline stage
// uses no components

module add3p
#(parameter WIDTH = 37, // Total bit width

WIDTH0 = 9, // Bit width of LSBs
WIDTH1 = 9, // Bit width of 2. LSBs
WIDTH01 = 18, // Sum WIDTH0+WIDTH1
WIDTH2 = 9, // Bit width of 2. MSBs
WIDTH012 = 27, // Sum WIDTH0+WIDTH1+WIDTH2
WIDTH3 = 10) // Bit width of MSBs

(input [WIDTH-1:0] x, y, // Inputs
output [WIDTH-1:0] sum, // Result
output LSBs_Carry, Middle_Carry, MSBs_Carry, // Test pins
input clk); // Clock

// --------------------------------------------------------
reg [WIDTH0-1:0] l0, l1, r0, v0, s0; // LSBs of inputs
reg [WIDTH0:0] q0; // LSBs of inputs
reg [WIDTH1-1:0] l2, l3, r1, s1; // 2. LSBs of input
reg [WIDTH1:0] v1, q1; // 2. LSBs of input
reg [WIDTH2-1:0] l4, l5, s2, h7; // 2. MSBs bits
reg [WIDTH2:0] q2, v2, r2; // 2. MSBs bits
reg [WIDTH3-1:0] l6, l7, q3, v3, r3, s3, h8;

// MSBs of input

always @(posedge clk) begin
// Split in MSBs and LSBs and store in registers
// Split LSBs from input x,y
l0[WIDTH0-1:0] <= x[WIDTH0-1:0];
l1[WIDTH0-1:0] <= y[WIDTH0-1:0];
// Split 2. LSBs from input x,y
l2[WIDTH1-1:0] <= x[WIDTH1-1+WIDTH0:WIDTH0];
l3[WIDTH1-1:0] <= y[WIDTH1-1+WIDTH0:WIDTH0];
// Split 2. MSBs from input x,y
l4[WIDTH2-1:0] <= x[WIDTH2-1+WIDTH01:WIDTH01];
l5[WIDTH2-1:0] <= y[WIDTH2-1+WIDTH01:WIDTH01];
// Split MSBs from input x,y
l6[WIDTH3-1:0] <= x[WIDTH3-1+WIDTH012:WIDTH012];
l7[WIDTH3-1:0] <= y[WIDTH3-1+WIDTH012:WIDTH012];

//************* First stage of the adder *****************
q0 <= {1’b0, l0} + {1’b0, l1}; // Add LSBs of x and y
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q1 <= {1’b0, l2} + {1’b0, l3}; // Add 2. LSBs of x / y
q2 <= {1’b0, l4} + {1’b0, l5}; // Add 2. MSBs of x/y
q3 <= l6 + l7; // Add MSBs of x and y

//************* Second stage of the adder *****************
v0 <= q0[WIDTH0-1:0]; // Save q0

// Add result from 2. LSBs (x+y) and carry from LSBs
v1 <= q0[WIDTH0] + {1’b0, q1[WIDTH1-1:0]};

// Add result from 2. MSBs (x+y) and carry from 2. LSBs
v2 <= q1[WIDTH1] + {1’b0, q2[WIDTH2-1:0]};

// Add result from MSBs (x+y) and carry from 2. MSBs
v3 <= q2[WIDTH2] + q3;

//************** Third stage of the adder *****************
r0 <= v0; // Delay for LSBs
r1 <= v1[WIDTH1-1:0]; // Delay for 2. LSBs

// Add result from 2. MSBs (x+y) and carry from 2. LSBs
r2 <= v1[WIDTH1] + {1’b0, v2[WIDTH2-1:0]};

// Add result from MSBs (x+y) and carry from 2. MSBs
r3 <= v2[WIDTH2] + v3;

//************ Fourth stage of the adder ******************
s0 <= r0; // Delay for LSBs
s1 <= r1; // Delay for 2. LSBs
s2 <= r2[WIDTH2-1:0]; // Delay for 2. MSBs

// Add result from MSBs (x+y) and carry from 2. MSBs
s3 <= r2[WIDTH2] + r3;

end

assign LSBs_Carry = q0[WIDTH1]; // Provide test signals
assign Middle_Carry = v1[WIDTH1];
assign MSBs_Carry = r2[WIDTH2];

// Build a single output word of
// WIDTH = WIDTH0 + WIDTH1 + WIDTH2 + WIDTH3
assign sum = {s3, s2, s1, s0}; // Connect sum to output

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: div_res.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// Restoring Division
// Bit width: WN WD WN WD
// Nominator / Denumerator = Quotient and Remainder
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// OR: Nominator = Quotient * Denumerator + Remainder
// --------------------------------------------------------
module div_res //------> Interface
(input clk, // System clock
input reset, // Asynchron reset
input [7:0] n_in, // Nominator
input [5:0] d_in, // Denumerator
output reg [5:0] r_out, // Remainder
output reg [7:0] q_out); // Quotient

// --------------------------------------------------------
reg [1:0] state; // FSM state
parameter ini=0, sub=1, restore=2, done=3; // State

// assignments
// Divider in behavioral style
always @(posedge clk or posedge reset)
begin : States // Finite state machine

reg [3:0] count;

reg [13:0] d; // Double bit width unsigned
reg signed [13:0] r; // Double bit width signed
reg [7:0] q;

if (reset) begin // Asynchronous reset
state <= ini; count <= 0;
q <= 0; r <= 0; d <= 0; q_out <= 0; r_out <= 0;

end else
case (state)

ini : begin // Initialization step
state <= sub;
count = 0;
q <= 0; // Reset quotient register
d <= d_in << 7; // Load aligned denumerator
r <= n_in; // Remainder = nominator

end
sub : begin // Processing step

r <= r - d; // Subtract denumerator
state <= restore;

end
restore : begin // Restoring step

if (r < 0) begin // Check r < 0
r <= r + d; // Restore previous remainder
q <= q << 1; // LSB = 0 and SLL
end

else
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q <= (q << 1) + 1; // LSB = 1 and SLL
count = count + 1;
d <= d >> 1;

if (count == 8) // Division ready ?
state <= done;

else
state <= sub;

end
done : begin // Output of result

q_out <= q[7:0];
r_out <= r[5:0];
state <= ini; // Start next division

end
endcase

end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: div_aegp.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// Convergence division after
// Anderson, Earle, Goldschmidt, and Powers
// Bit width: WN WD WN WD
// Nominator / Denumerator = Quotient and Remainder
// OR: Nominator = Quotient * Denumerator + Remainder
// --------------------------------------------------------
module div_aegp
(input clk, // System clock
input reset, // Asynchron reset
input [8:0] n_in, // Nominator
input [8:0] d_in, // Denumerator
output reg [8:0] q_out); // Quotient

// --------------------------------------------------------
reg [1:0] state;
always @(posedge clk or posedge reset) //-> Divider in
begin : States // behavioral style

parameter s0=0, s1=1, s2=2;
reg [1:0] count;

reg [9:0] x, t, f; // one guard bit
reg [17:0] tempx, tempt;
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if (reset) begin // Asynchronous reset
state <= s0; q_out <= 0; count = 0; x <= 0; t <= 0;

end else
case (state)

s0 : begin // Initialization step
state <= s1;
count = 0;
t <= {1’b0, d_in}; // Load denumerator
x <= {1’b0, n_in}; // Load nominator

end
s1 : begin // Processing step

f = 512 - t; // TWO - t
tempx = (x * f); // Product in full
tempt = (t * f); // bitwidth
x <= tempx >> 8; // Factional f
t <= tempt >> 8; // Scale by 256
count = count + 1;
if (count == 2) // Division ready ?
state <= s2;

else
state <= s1;

end
s2 : begin // Output of result

q_out <= x[8:0];
state <= s0; // Start next division

end
endcase

end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: cordic.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module cordic #(parameter W = 7) // Bit width - 1
(input clk, // System clock
input reset, // Asynchronous reset
input signed [W:0] x_in, // System real or x input
input signed [W:0] y_in, // System imaginary or y input
output reg signed [W:0] r, // Radius result
output reg signed [W:0] phi,// Phase result
output reg signed [W:0] eps);// Error of results

// --------------------------------------------------------
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// There is bit access in Quartus array types
// in Verilog 2001, therefore use single vectors
// but use a separate lines for each array!
reg signed [W:0] x [0:3];
reg signed [W:0] y [0:3];
reg signed [W:0] z [0:3];

always @(posedge reset or posedge clk) begin : P1
integer k; // Loop variable
if (reset) begin // Asynchronous clear

for (k=0; k<=3; k=k+1) begin
x[k] <= 0; y[k] <= 0; z[k] <= 0;

end
r <= 0; eps <= 0; phi <= 0;

end else begin
if (x_in >= 0) // Test for x_in < 0 rotate

begin // 0, +90, or -90 degrees
x[0] <= x_in; // Input in register 0
y[0] <= y_in;
z[0] <= 0;

end
else if (y_in >= 0)

begin
x[0] <= y_in;
y[0] <= - x_in;
z[0] <= 90;

end
else

begin
x[0] <= - y_in;
y[0] <= x_in;
z[0] <= -90;

end

if (y[0] >= 0) // Rotate 45 degrees
begin

x[1] <= x[0] + y[0];
y[1] <= y[0] - x[0];
z[1] <= z[0] + 45;

end
else

begin
x[1] <= x[0] - y[0];
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y[1] <= y[0] + x[0];
z[1] <= z[0] - 45;

end

if (y[1] >= 0) // Rotate 26 degrees
begin

x[2] <= x[1] + (y[1] >>> 1); // i.e. x[1]+y[1]/2
y[2] <= y[1] - (x[1] >>> 1); // i.e. y[1]-x[1]/2
z[2] <= z[1] + 26;

end
else

begin
x[2] <= x[1] - (y[1] >>> 1); // i.e. x[1]-y[1]/2
y[2] <= y[1] + (x[1] >>> 1); // i.e. y[1]+x[1]/2
z[2] <= z[1] - 26;

end

if (y[2] >= 0) // Rotate 14 degrees
begin

x[3] <= x[2] + (y[2] >>> 2); // i.e. x[2]+y[2]/4
y[3] <= y[2] - (x[2] >>> 2); // i.e. y[2]-x[2]/4
z[3] <= z[2] + 14;

end
else

begin
x[3] <= x[2] - (y[2] >>> 2); // i.e. x[2]-y[2]/4
y[3] <= y[2] + (x[2] >>> 2); // i.e. y[2]+x[2]/4
z[3] <= z[2] - 14;

end

r <= x[3];
phi <= z[3];
eps <= y[3];

end
end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: arctan.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
// --------------------------------------------------------
module arctan #(parameter W = 9, // Bit width

L = 5) // Array size
(input clk, // System clock
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input reset, // Asynchron reset
input signed [W-1:0] x_in, // System input
//output reg signed [W-1:0] d_o [1:L],
output wire signed [W-1:0] d_o1, d_o2 ,d_o3, d_o4 ,d_o5,

// Auxiliary recurrence
output reg signed [W-1:0] f_out); // System output

// --------------------------------------------------------
reg signed [W-1:0] x; // Auxilary signals
wire signed [W-1:0] f;
wire signed [W-1:0] d [1:L]; // Auxilary array
// Chebychev coefficients c1, c2, c3 for 8 bit precision
// c1 = 212; c3 = -12; c5 = 1;

always @(posedge clk or posedge reset) begin
if (reset) begin // Asynchronous clear

x <= 0; f_out <= 0;
end else begin

x <= x_in; // FF for input and output
f_out <= f;

end
end

// Compute sum-of-products with
// Clenshaw’s recurrence formula

assign d[5] = ’sd1; // c5=1
assign d[4] = (x * d[5]) / 128;
assign d[3] = ((x * d[4]) / 128) - d[5] - 12; // c3=-12
assign d[2] = ((x * d[3]) / 128) - d[4];
assign d[1] = ((x * d[2]) / 128) - d[3] + 212; // c1=212
assign f = ((x * d[1]) / 256) - d[2];

// last step is different

assign d_o1 = d[1]; // Provide test signals as outputs
assign d_o2 = d[2];
assign d_o3 = d[3];
assign d_o4 = d[4];
assign d_o5 = d[5];

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: ln.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module ln #(parameter N = 5, // Number of Coefficients-1
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parameter W= 17) // Bitwidth -1
(input clk, // System clock
input reset, // Asynchronous reset
input signed [W:0] x_in, // System input
output reg signed [W:0] f_out); // System output

// --------------------------------------------------------
reg signed [W:0] x, f; // Auxilary register
wire signed [W:0] p [0:5];
reg signed [W:0] s [0:5];

// Polynomial coefficients for 16 bit precision:
// f(x) = (1 + 65481 x -32093 x^2 + 18601 x^3
// -8517 x^4 + 1954 x^5)/65536
assign p[0] = 18’sd1;
assign p[1] = 18’sd65481;
assign p[2] = -18’sd32093;
assign p[3] = 18’sd18601;
assign p[4] = -18’sd8517;
assign p[5] = 18’sd1954;

always @(posedge clk or posedge reset)
begin : Store

if (reset) begin // Asynchronous clear
x <= 0; f_out <= 0;

end else begin
x <= x_in; // Store input in register
f_out <= f;

end
end

always @* // Compute sum-of-products
begin : SOP

integer k; // define the loop variable
reg signed [35:0] slv;

s[N] = p[N];
// Polynomial Approximation from Chebyshev coefficients

for (k=N-1; k>=0; k=k-1)
begin

slv = x * s[k+1]; // no FFs for slv
s[k] = (slv >>> 16) + p[k];

end // x*s/65536 problem 32 bits
f <= s[0]; // make visable outside

end
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endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: sqrt.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module sqrt //----> Interface
(input clk, // System clock
input reset, // Asynchronous reset
output [1:0] count_o, // Counter SLL
input signed [16:0] x_in, // System input
output signed [16:0] pre_o, // Prescaler
output signed [16:0] x_o, // Normalized x_in
output signed [16:0] post_o, // Postscaler
output signed [3:0] ind_o, // Index to p
output signed [16:0] imm_o, // ALU preload value
output signed [16:0] a_o, // ALU factor
output signed [16:0] f_o, // ALU output
output reg signed [16:0] f_out); // System output

// --------------------------------------------------------
// Define the operation modes:
parameter load=0, mac=1, scale=2, denorm=3, nop=4;
// Assign the FSM states:
parameter start=0, leftshift=1, sop=2,

rightshift=3, done=4;

reg [3:0] s, op;
reg [16:0] x; // Auxilary
reg signed [16:0] a, b, f, imm; // ALU data
reg signed [33:0] af; // Product double width
reg [16:0] pre, post;
reg signed [3:0] ind;
reg [1:0] count;
// Chebychev poly coefficients for 16 bit precision:
wire signed [16:0] p [0:4];

assign p[0] = 7563;
assign p[1] = 42299;
assign p[2] = -29129;
assign p[3] = 15813;
assign p[4] = -3778;

always @(posedge reset or posedge clk) //------> SQRT FSM
begin : States // sample at clk rate
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if (reset) begin // Asynchronous reset
s <= start; f_out <= 0; op <= 0; count <= 0;
imm <= 0; ind <= 0; a <= 0; x <= 0;

end else begin
case (s) // Next State assignments

start : begin // Initialization step
s <= leftshift; ind = 4;
imm <= x_in; // Load argument in ALU
op <= load; count = 0;

end
leftshift : begin // Normalize to 0.5 .. 1.0

count = count + 1; a <= pre; op <= scale;
imm <= p[4];
if (count == 2) op <= nop;
if (count == 3) begin // Normalize ready ?
s <= sop; op <= load; x <= f;

end
end
sop : begin // Processing step

ind = ind - 1; a <= x;
if (ind == -1) begin // SOP ready ?
s <= rightshift; op <= denorm; a <= post;

end else begin
imm <= p[ind]; op <= mac;

end
end
rightshift : begin // Denormalize to original range

s <= done; op <= nop;
end
done : begin // Output of results
f_out <= f; // I/O store in register
op <= nop;
s <= start; // start next cycle
end

endcase
end

end

always @(posedge reset or posedge clk)
begin : ALU // Define the ALU operations

if (reset) // Asynchronous clear
f <= 0;

else begin
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af = a * f;
case (op)

load : f <= imm;
mac : f <= (af >>> 15) + imm;
scale : f <= af;
denorm : f <= af >>> 15;
nop : f <= f;
default : f <= f;

endcase
end

end

always @(x_in)
begin : EXP

reg [16:0] slv;
reg [16:0] po, pr;
integer K; // Loop variable

slv = x_in;
// Compute pre-scaling:
for (K=0; K <= 15; K= K+1)

if (slv[K] == 1)
pre = 1 << (14-K);
// Compute post scaling:
po = 1;
for (K=0; K <= 7; K= K+1) begin

if (slv[2*K] == 1) // even 2^k gets 2^k/2
po = 1 << (K+8);

// sqrt(2): CSD Error = 0.0000208 = 15.55 effective bits
// +1 +0. -1 +0 -1 +0 +1 +0 +1 +0 +0 +0 +0 +0 +1
// 9 7 5 3 1 -5

if (slv[2*K+1] == 1) // odd k has sqrt(2) factor
po = (1<<(K+9)) - (1<<(K+7)) - (1<<(K+5))

+ (1<<(K+3)) + (1<<(K+1)) + (1<<(K-5));
end
post <= po;

end

assign a_o = a; // Provide some test signals as outputs
assign imm_o = imm;
assign f_o = f;
assign pre_o = pre;
assign post_o = post;
assign x_o = x;
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assign ind_o = ind;
assign count_o = count;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: magnitude.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module magnitude
(input clk, // System clock
input reset, // Asynchron reset
input signed [15:0] x, y, // System input
output reg signed [15:0] r);// System output

// --------------------------------------------------------
reg signed [15:0] x_r, y_r, ax, ay, mi, ma;
// Approximate the magnitude via
// r = alpha*max(|x|,|y|) + beta*min(|x|,|y|)
// use alpha=1 and beta=1/4

always @(posedge reset or posedge clk) // Control the
if (reset) begin // system sample at clk rate

x_r <= 0; y_r <= 0; // Asynchronous clear
end else begin

x_r <= x; y_r <= y;
end

always @* begin
ax = (x_r>=0)? x_r : -x_r; // Take absolute values first
ay = (y_r>=0)? y_r : -y_r;

if (ax > ay) begin // Determine max and min values
mi = ay;
ma = ax;

end else begin
mi = ax;
ma = ay;

end
end

always @(posedge reset or posedge clk)
if (reset) // Asynchronous clear

r <= 0;
else
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r <= ma + mi/4; // Compute r=alpha*max+beta*min

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: fir_gen.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// This is a generic FIR filter generator
// It uses W1 bit data/coefficients bits
module fir_gen
#(parameter W1 = 9, // Input bit width

W2 = 18, // Multiplier bit width 2*W1
W3 = 19, // Adder width = W2+log2(L)-1
W4 = 11, // Output bit width
L = 4) // Filter length

(input clk, // System clock
input reset, // Asynchronous reset
input Load_x, // Load/run switch
input signed [W1-1:0] x_in, // System input
input signed [W1-1:0] c_in, //Coefficient data input
output signed [W4-1:0] y_out); // System output

// --------------------------------------------------------
reg signed [W1-1:0] x;
wire signed [W3-1:0] y;

// 1D array types i.e. memories supported by Quartus
// in Verilog 2001; first bit then vector size
reg signed [W1-1:0] c [0:3]; // Coefficient array
wire signed [W2-1:0] p [0:3]; // Product array
reg signed [W3-1:0] a [0:3]; // Adder array

//----> Load Data or Coefficient
always @(posedge clk or posedge reset)

begin: Load
integer k; // loop variable
if (reset) begin // Asynchronous clear

for (k=0; k<=L-1; k=k+1) c[k] <= 0;
x <= 0;

end else if (! Load_x) begin
c[3] <= c_in; // Store coefficient in register
c[2] <= c[3]; // Coefficients shift one
c[1] <= c[2];
c[0] <= c[1];

end else
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x <= x_in; // Get one data sample at a time
end

//----> Compute sum-of-products
always @(posedge clk or posedge reset)
begin: SOP
// Compute the transposed filter additions

integer k; // loop variable
if (reset) // Asynchronous clear

for (k=0; k<=3; k=k+1) a[k] <= 0;
else begin

a[0] <= p[0] + a[1];
a[1] <= p[1] + a[2];
a[2] <= p[2] + a[3];
a[3] <= p[3]; // First TAP has only a register

end
end
assign y = a[0];

genvar I; //Define loop variable for generate statement
generate

for (I=0; I<L; I=I+1) begin : MulGen
// Instantiate L multipliers

assign p[I] = x * c[I];
end

endgenerate

assign y_out = y[W3-1:W3-W4];

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: fir_srg.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module fir_srg //----> Interface
(input clk, // System clock
input reset, // Asynchronous reset
input signed [7:0] x, // System input
output reg signed [7:0] y); // System output

// --------------------------------------------------------
// Tapped delay line array of bytes
reg signed [7:0] tap [0:3];
integer I; // Loop variable
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always @(posedge clk or posedge reset)
begin : P1 //----> Behavioral Style
// Compute output y with the filter coefficients weight.
// The coefficients are [-1 3.75 3.75 -1].
// Multiplication and division can
// be done in Verilog 2001 with signed shifts.
if (reset) begin // Asynchronous clear

for (I=0; I<=3; I=I+1) tap[I] <= 0;
y <= 0;

end else begin
y <= (tap[1] <<< 1) + tap[1] + (tap[1] >>> 1)- tap[0]

+ ( tap[1] >>> 2) + (tap[2] <<< 1) + tap[2]
+ (tap[2] >>> 1) + (tap[2] >>> 2) - tap[3];

for (I=3; I>0; I=I-1) begin
tap[I] <= tap[I-1]; // Tapped delay line: shift one

end
tap[0] <= x; // Input in register 0

end
end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: case5p.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module case5p
(input clk,
input [4:0] table_in,
output reg [4:0] table_out); // range 0 to 25

// --------------------------------------------------------
reg [3:0] lsbs;
reg [1:0] msbs0;
reg [4:0] table0out00, table0out01;

// These are the distributed arithmetic CASE tables for
// the 5 coefficients: 1, 3, 5, 7, 9

always @(posedge clk) begin
lsbs[0] = table_in[0];
lsbs[1] = table_in[1];
lsbs[2] = table_in[2];
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lsbs[3] = table_in[3];
msbs0[0] = table_in[4];
msbs0[1] = msbs0[0];

end

// This is the final DA MPX stage.
always @(posedge clk) begin

case (msbs0[1])
0 : table_out <= table0out00;
1 : table_out <= table0out01;
default : ;

endcase
end

// This is the DA CASE table 00 out of 1.
always @(posedge clk) begin

case (lsbs)
0 : table0out00 = 0;
1 : table0out00 = 1;
2 : table0out00 = 3;
3 : table0out00 = 4;
4 : table0out00 = 5;
5 : table0out00 = 6;
6 : table0out00 = 8;
7 : table0out00 = 9;
8 : table0out00 = 7;
9 : table0out00 = 8;
10 : table0out00 = 10;
11 : table0out00 = 11;
12 : table0out00 = 12;
13 : table0out00 = 13;
14 : table0out00 = 15;
15 : table0out00 = 16;
default ;

endcase
end

// This is the DA CASE table 01 out of 1.
always @(posedge clk) begin

case (lsbs)
0 : table0out01 = 9;
1 : table0out01 = 10;
2 : table0out01 = 12;
3 : table0out01 = 13;
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4 : table0out01 = 14;
5 : table0out01 = 15;
6 : table0out01 = 17;
7 : table0out01 = 18;
8 : table0out01 = 16;
9 : table0out01 = 17;
10 : table0out01 = 19;
11 : table0out01 = 20;
12 : table0out01 = 21;
13 : table0out01 = 22;
14 : table0out01 = 24;
15 : table0out01 = 25;
default ;

endcase
end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: dasign.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
‘include "case3s.v" // User defined component

module dasign //-> Interface
(input clk, // System clock
input reset, // Asynchron reset
input signed [3:0] x0_in, // First system input
input signed [3:0] x1_in, // Second system input
input signed [3:0] x2_in, // Third system input
output [3:0] lut, // DA look-up table
output reg signed [6:0] y);// System output

// --------------------------------------------------------
reg signed [3:0] x0, x1, x2;
wire signed [2:0] table_in;
wire signed [3:0] table_out;
reg [0:0] state;

assign table_in[0] = x0[0];
assign table_in[1] = x1[0];
assign table_in[2] = x2[0];

always @(posedge clk or posedge reset)// DA in behavioral
begin : P1 // style

parameter s0=0, s1=1;
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integer k;

reg [2:0] count; // Counts the shifts
reg [6:0] p; // Temporary register

if (reset) begin // Asynchronous reset
state <= s0;
x0 <= 0; x1 <= 0; x2 <= 0; p <= 0; y <= 0;
count <= 0;

end else
case (state)

s0 : begin // Initialization step
state <= s1;
count = 0;
p <= 0;
x0 <= x0_in;
x1 <= x1_in;
x2 <= x2_in;

end
s1 : begin // Processing step

if (count == 4) begin// Is sum of product done?
y <= p; // Output of result to y and
state <= s0; // start next sum of product

end else begin //Subtract for last accumulator step
if (count ==3) // i.e. p/2 +/- table_out * 8
p <= (p >>> 1) - (table_out <<< 3);

else // Accumulation for all other steps
p <= (p >>> 1) + (table_out <<< 3);

for (k=0; k<=2; k= k+1) begin // Shift bits
x0[k] <= x0[k+1];
x1[k] <= x1[k+1];
x2[k] <= x2[k+1];

end
count = count + 1;
state <= s1;

end
end

endcase
end

case3s LC_Table0
( .table_in(table_in), .table_out(table_out));

assign lut = table_out; // Provide test signal
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endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: case3s.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module case3s
(input [2:0] table_in, // Three bit
output reg [3:0] table_out); // Range -2 to 4 -> 4 bits

// --------------------------------------------------------
// This is the DA CASE table for
// the 3 coefficients: -2, 3, 1

always @(table_in)
begin

case (table_in)
0 : table_out = 0;
1 : table_out = -2;
2 : table_out = 3;
3 : table_out = 1;
4 : table_out = 1;
5 : table_out = -1;
6 : table_out = 4;
7 : table_out = 2;
default : ;

endcase
end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: dapara.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
‘include "case3s.v" // User defined component

module dapara //----> Interface
(input clk, // System clock
input reset, // Asynchron reset

input signed [3:0] x_in, // System input
output reg signed[6:0] y); // System output

// --------------------------------------------------------
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reg signed [2:0] x [0:3];
wire signed [3:0] h [0:3];
reg signed [4:0] s0, s1;
reg signed [3:0] t0, t1, t2, t3;

always @(posedge clk or posedge reset)
begin : DA //----> DA in behavioral style

integer k,l;
if (reset) begin // Asynchronous clear

for (k=0; k<=3; k=k+1) x[k] <= 0;
y <= 0;
t0 <= 0; t1 <= 0; t2 <= 0; t3 <= 0; s0 <= 0; s1 <= 0;

end else begin
for (l=0; l<=3; l=l+1) begin // For all 4 vectors

for (k=0; k<=1; k=k+1) begin // shift all bits
x[l][k] <= x[l][k+1];

end
end
for (k=0; k<=3; k=k+1) begin // Load x_in in the

x[k][2] <= x_in[k]; // MSBs of the registers
end

y <= h[0] + (h[1] <<< 1) + (h[2] <<< 2) - (h[3] <<< 3);
// Sign extensions, pipeline register, and adder tree:
// t0 <= h[0]; t1 <= h[1]; t2 <= h[2]; t3 <= h[3];
// s0 <= t0 + (t1 <<< 1);
// s1 <= t2 - (t3 <<< 1);
// y <= s0 + (s1 <<< 2);

end
end

genvar i;// Need to declare loop variable in Verilog 2001
generate // One table for each bit in x_in

for (i=0; i<=3; i=i+1) begin:LC_Tables
case3s LC_Table0 ( .table_in(x[i]), .table_out(h[i]));

end
endgenerate

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: iir.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module iir #(parameter W = 14) // Bit width - 1



Verilog Code 821

(input clk, // System clock
input reset, // Asynchronous reset
input signed [W:0] x_in, // System input
output signed [W:0] y_out); // System output

// --------------------------------------------------------
reg signed [W:0] x, y;

// Use FFs for input and recursive part
always @(posedge clk or posedge reset)
if (reset) begin // Note: there is a signed

x <= 0; y <= 0; // integer in Verilog 2001
end else begin

x <= x_in;
y <= x + (y >>> 1) + (y >>> 2); // >>> uses less LEs
// y <= x + y / ’sd2 + y / ’sd4; // same as /2 and /4
//y <= x + y / 2 + y / 4; // div with / uses more LEs
//y <= x + {y[W],y[W:1]}+ {y[W],y[W],y[W:2]};

end

assign y_out = y; // Connect y to output pins

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: iir_pipe.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module iir_pipe //----> Interface
#(parameter W = 14) // Bit width - 1
(input clk, // System clock
input reset, // Asynchronous reset
input signed [W:0] x_in, // System input
output signed [W:0] y_out); // System output

// --------------------------------------------------------
reg signed [W:0] x, x3, sx;
reg signed [W:0] y, y9;

always @(posedge clk or posedge reset) // Infer FFs for
begin // input, output and pipeline stages;

if (reset) begin // Asynchronous clear
x <= 0; x3 <= 0; sx <= 0; y9 <= 0; y <= 0;

end else begin
x <= x_in; // use non-blocking FF assignments
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x3 <= (x >>> 1) + (x >>> 2);
// i.e. x / 2 + x / 4 = x*3/4

sx <= x + x3;//Sum of x element i.e. output FIR part
y9 <= (y >>> 1) + (y >>> 4);

// i.e. y / 2 + y / 16 = y*9/16
y <= sx + y9; // Compute output

end
end

assign y_out = y ; // Connect register y to output pins

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: iir_par.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module iir_par //----> Interface
#(parameter W = 14) // bit width - 1
(input clk, // System clock
input reset, // Asynchronous reset
input signed [W:0] x_in, // System input
output signed [W:0] x_e, x_o,// Even/odd input x_in
output signed [W:0] y_e, y_o,// Even/odd output y_out
output clk2, // Clock divided by 2
output signed [W:0] y_out); // System output

// --------------------------------------------------------
reg signed [W:0] x_even, xd_even, x_odd, xd_odd, x_wait;
reg signed [W:0] y_even, y_odd, y_wait, y;
reg signed [W:0] sum_x_even, sum_x_odd;
reg clk_div2;
reg [0:0] state;

always @(posedge clk or posedge reset) // Clock divider
begin : clk_divider // by 2 for input clk

if (reset) clk_div2 <= 0;
else clk_div2 <= ! clk_div2;

end

always @(posedge clk or posedge reset) // Split x into
begin : Multiplex // even and odd samples;

parameter even=0, odd=1; // recombine y at clk rate
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if (reset) begin // Asynchronous reset
state <= even; x_even <= 0; x_odd <= 0;
y <= 0; x_wait <= 0; y_wait <= 0;

end else
case (state)

even : begin
x_even <= x_in;
x_odd <= x_wait;
y <= y_wait;
state <= odd;

end
odd : begin

x_wait <= x_in;
y <= y_odd;
y_wait <= y_even;
state <= even;

end
endcase

end

assign y_out = y;
assign clk2 = clk_div2;
assign x_e = x_even; // Monitor some extra test signals
assign x_o = x_odd;
assign y_e = y_even;
assign y_o = y_odd;

always @(negedge clk_div2 or posedge reset)
begin: Arithmetic

if (reset) begin
xd_even <= 0; sum_x_even <= 0; y_even<= 0;
xd_odd<= 0; sum_x_odd <= 0; y_odd <= 0;

end else begin
xd_even <= x_even;
sum_x_even <= x_odd+ (xd_even >>> 1)+(xd_even >>> 2);

// i.e. x_odd + x_even/2 + x_even /4
y_even <= sum_x_even + (y_even >>> 1)+(y_even >>> 4);

// i.e. sum_x_even + y_even / 2 + y_even /16
xd_odd <= x_odd;
sum_x_odd <= xd_even + (xd_odd >>> 1)+(xd_odd >>> 4);

// i.e. x_even + xd_odd / 2 + xd_odd /4
y_odd <= sum_x_odd + (y_odd >>> 1)+ (y_odd >>> 4);

// i.e. sum_x_odd + y_odd / 2 + y_odd / 16
end
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end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: iir5sfix.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// 5th order IIR in direct form implementation
module iir5sfix
(input clk, // System clock
input reset, // Asynchron reset
input switch, // Feedback switch
input signed [63:0] x_in, // System input
output signed [39:0] t_out, // Feedback
output signed [39:0] y_out);// System output

// --------------------------------------------------------
wire signed[63:0] a2, a3, a4, a5, a6; // Feedback A
wire signed[63:0] b1, b2, b3, b4, b5, b6;// Feedforward B
wire signed [63:0] h;
reg signed [63:0] s1, s2, s3, s4;
reg signed [63:0] y, t, r2, r3, r4;
reg signed [127:0] a6h, a5h, a4h, a3h, a2h;
reg signed [127:0] b6h, b5h, b4h, b3h, b2h, b1h;

// Feedback A scaled by 2^30
assign a2 = 64’h000000013DF707FA; // (-)4.9682025852
assign a3 = 64’h0000000277FBF6D7; // 9.8747536754
assign a4 = 64’h00000002742912B6; // (-)9.8150069021
assign a5 = 64’h00000001383A6441; // 4.8785639415
assign a6 = 64’h000000003E164061; // (-)0.9701081227

// Feedforward B scaled by 2^30
assign b1 = 64’h000000000004F948; // 0.0003035737
assign b2 = 64’h00000000000EE2A2; // (-)0.0009085259
assign b3 = 64’h000000000009E95E; // 0.0006049556
assign b4 = 64’h000000000009E95E; // 0.0006049556
assign b5 = 64’h00000000000EE2A2; // (-)0.0009085259
assign b6 = 64’h000000000004F948; // 0.0003035737
assign h = (switch) ? x_in-t // Switch is closed

: x_in; // Switch is open

always @(posedge clk or posedge reset)
begin : P1 // First equations without infering registers

if (reset) begin // Asynchronous clear
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t <= 0; y <= 0; r2 <= 0; r3 <= 0; r4 <= 0; s1 <= 0;
s2 <= 0; s3 <= 0; s4 <= 0; a6h <= 0; b6h <= 0;

end else begin // IIR filter in direct form
a6h <= a6 * h; // h*a[6] use register
a5h = a5 * h; // h*a[5]
r4 <= (a5h >>> 30) - (a6h >>> 30); // h*a[5]+r5
a4h = a4 * h; // h*a[4]
r3 <= r4 - (a4h >>> 30); // h*a[4]+r4
a3h = a3 * h; // h*a[3]
r2 <= r3 + (a3h >>> 30); // h*a[3]+r3
a2h = a2 * h; // h*a[2]+r2
t <= r2 - (a2h >>> 30); // h*a[2]+r2
b6h <= b6 * h; // h*b[6] use register
b5h = b5 * h; // h*b[5]+s5 no register
s4 <= (b6h >>> 30) - (b5h >>> 30); // h*b[5]+s5
b4h = b4 * h; // h*b[4]+s4
s3 <= s4 + (b4h >>> 30); // h*b[4]+s4
b3h = b3 * h; // h*b[3]
s2 <= s3 + (b3h >>> 30); // h*b[3]+s3
b2h = b2 * h; // h*b[2]
s1 <= s2 - (b2h >>> 30); // h*b[2]+s2
b1h = b1 * h; // h*b[1]
y <= s1 + (b1h >>> 30); // h*b[1]+s1

end
end

// Redefine bits as 40 bit SLV
// Change 30 to 16 bit fraction, i.e. cut 14 LSBs
assign y_out = y[53:14];
assign t_out = t[53:14];

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: iir5para.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// Description: 5th order IIR parallel form implementation
// Coefficients:
// D = 0.00030357
// B1 = 0.0031 -0.0032 0
// A1 = 1.0000 -1.9948 0.9959
// B2 = -0.0146 0.0146 0
// A2 = 1.0000 -1.9847 0.9852
// B3 = 0.0122
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// A3 = 0.9887
// --------------------------------------------------------
module iir5para // I/O data in 16.16 format
(input clk, // System clock
input reset, // Asynchron reset
input signed [31:0] x_in, // System input
output signed [31:0] y_Dout, // 0 order
output signed [31:0] y_1out, // 1. order
output signed [31:0] y_21out,// 2. order 1
output signed [31:0] y_22out,// 2. order 2
output signed [31:0] y_out); // System output

// --------------------------------------------------------
// Internal type has 2 bits integer and 18 bits fraction:
reg signed [19:0] s11, r13, r12; // 1. BiQuad regs.
reg signed [19:0] s21, r23, r22; // 2. BiQuad regs.
reg signed [19:0] r32, r41, r42, r43, y;
reg signed [19:0] x;

// Products have double bit width
reg signed [39:0] b12x, b11x , a13r12, a12r12; // 1. BiQuad
reg signed [39:0] b22x, b21x, a23r22, a22r22; // 2. BiQuad
reg signed [39:0] b31x, a32r32, Dx;

// All coefficients use 5*4=20 bits and are scaled by 2^18
wire signed [19:0] a12, a13, b11, b12; // First BiQuad
wire signed [19:0] a22, a23, b21, b22; // Second BiQuad
wire signed [19:0] a32, b31, D; // First order and direct
// First BiQuad coefficients
assign a12 = 20’h7FAB9; // (-)1.99484680
assign a13 = 20’h3FBD0; // 0.99591112
assign b11 = 20’h00340; // 0.00307256
assign b12 = 20’h00356; // (-)0.00316061

// Second BiQuad coefficients
assign a22 = 20’h7F04F; // (-)1.98467605
assign a23 = 20’h3F0E4; // 0.98524428
assign b21 = 20’h00F39; // (-)0.01464265
assign b22 = 20’h00F38; // 0.01464684

// First order system with R(5) and P(5)
assign a32 = 20’h3F468; // 0.98867974
assign b31 = 20’h00C76; // 0.012170

// Direct system
assign D = 20’h0004F; // 0.000304

always @(posedge clk or posedge reset)
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begin : P1
if (reset) begin // Asynchronous clear

b12x <= 0; s11 <= 0; r13 <= 0; r12 <= 0;
b22x <= 0; s21 <= 0; r23 <= 0; r22 <= 0;
b31x <= 0; r32 <= 0; r41 <= 0;
r42 <= 0; r43 <= 0; y <= 0; x <= 0;

end else begin // SOS modified BiQuad form
// Redefine bits as FIX 16.16 number to

x <= {x_in[17:0], 2’b00};
// Internal precision 2.19 format, i.e. 21 bits

// 1. BiQuad is 2. order
b12x <= b12 * x;
b11x = b11 * x;
s11 <= (b11x >>> 18) - (b12x >>> 18); // was +
a13r12 = a13 * r12;
r13 <= s11 - (a13r12 >>> 18);
a12r12 = a12 * r12;
r12 <= r13 + (a12r12 >>> 18); // was -

// 2. BiQuad is 2. order
b22x <= b22 * x;
b21x = b21 * x;
s21 <= (b22x >>> 18) - (b21x >>> 18); // was +
a23r22 = a23 * r22;
r23 <= s21 - (a23r22 >>> 18);
a22r22 = a22 * r22;
r22 <= r23 + (a22r22 >>> 18); // was -

// 3. Section is 1. order
b31x <= b31 * x;
a32r32 = a32 * r32;
r32 <= (b31x >>> 18) + (a32r32 >>> 18);

// 4. Section is assign
Dx = D * x;
r41 <= Dx >>> 18;

// Output adder tree
r42 <= r41;
r43 <= r42 + r32;
y <= r12 + r22 + r43;

end
end

// Change 19 to 16 bit fraction, i.e. cut 2 LSBs
// Redefine bits as 32 bit SLV
assign y_out = {{14{y[19]}},y[19:2]};
assign y_Dout = {{14{r42[19]}},r42[19:2]};
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assign y_1out = {{14{r32[19]}},r32[19:2]};
assign y_21out = {{14{r22[19]}},r22[19:2]};
assign y_22out = {{14{r12[19]}},r12[19:2]};

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: iir5lwdf.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// Description: 5th order Lattice Wave Digital Filter
// Coefficients gamma:
// 0.988727 -0.000528 -1.995400 -0.000282 -1.985024
// --------------------------------------------------------
module iir5lwdf //-----> Interface
(input clk, // System clock
input reset, // Asynchronous reset
input signed [31:0] x_in, // System input
output signed [31:0] y_ap1out, // AP1 out
output signed [31:0] y_ap2out, // AP2 out
output signed [31:0] y_ap3out, // AP3 out
output signed [31:0] y_out); // System output

// --------------------------------------------------------
// Internal signals have 7.15 format
reg signed [21:0] c1, c2, c3, l2, l3;
reg signed [21:0] a4, a5, a6, a8, a9, a10;
reg signed [21:0] x, ap1, ap2, ap3, ap3r, y;

// Products have double bit width
reg signed [41:0] p1, a4g2, a4g3, a8g4, a8g5;

//Coefficients gamma use 5*4=20 bits and are scaled by 2^15
wire signed [19:0] g1, g2, g3, g4, g5;
assign g1 = 20’h07E8F; // 0.988739
assign g2 = 20’h00011; // (-)0.000519
assign g3 = 20’h0FF69; // (-)1.995392
assign g4 = 20’h00009; // (-)0.000275
assign g5 = 20’h0FE15; // (-)1.985016

always @(posedge clk or posedge reset)
begin : P1

if (reset) begin // Asynchronous clear
c1 <= 0; ap1 <= 0; c2 <= 0; l2 <= 0;
ap2 <= 0; c3 <= 0; l3 <= 0; ap3 <= 0;
ap3r <= 0; y <= 0; x <= 0;
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end else begin // AP LWDF form
// Redefine 16.16 input bits as internal precision
// in 7.15 format, i.e. 20 bits

x <= x_in[22:1];
// 1. AP section is 1. order

p1 = g1 * (c1 - x);
c1 <= x + (p1 >>> 15);
ap1 <= c1 + (p1 >>> 15);

// 2. AP section is 2. order
a4 = ap1 - l2 + c2 ;
a4g2 = a4 * g2;
a5 = c2 - (a4g2 >>> 15); // was +
a4g3 = a4 * g3;
a6 = -(a4g3 >>> 15) - l2; // was +
c2 <= a5;
l2 <= a6;
ap2 <= -a5 - a6 - a4;

// 3. AP section is 2. order
a8 = x - l3 + c3;
a8g4 = a8 * g4;
a9 = c3 - (a8g4 >>> 15); // was +
a8g5 = a8 * g5;
a10 = -(a8g5 >>> 15) - l3; // was +
c3 <= a9;
l3 <= a10;
ap3 <= -a9 - a10 - a8;
ap3r <= ap3; // Extra register due to AP1

// Output adder
y <= ap3r + ap2;

end
end

// Change 15 to 16 bit fraction, i.e. add 1 LSBs
// Redefine bits as 32 bit SLV 1+22+9=32
assign y_out = {{9{y[21]}},y,1’b0};
assign y_ap1out = {{9{ap1[21]}},ap1,1’b0};
assign y_ap2out = {{9{ap2[21]}},ap2,1’b0};
assign y_ap3out = {{9{ap3r[21]}},ap3r,1’b0};

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: db4poly.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
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//*********************************************************
module db4poly //----> Interface
(input clk, // System clock
input reset, // Asynchron reset
input signed [7:0] x_in, // System input
output clk2, // Clock divided by 2
output signed [16:0] x_e, x_o,// Even/odd x_in
output signed [16:0] g0, g1, // Poly filter 0/1
output signed [8:0] y_out); // System output

// --------------------------------------------------------
reg signed [7:0] x_odd, x_even, x_wait;
reg clk_div2;

// Register for multiplier, coefficients, and taps
reg signed [16:0] m0, m1, m2, m3, r0, r1, r2, r3;
reg signed [16:0] x33, x99, x107;
reg signed [16:0] y;

always @(posedge clk or posedge reset) // Split into even
begin : Multiplex // and odd samples at clk rate

parameter even=0, odd=1;
reg [0:0] state;

if (reset) begin // Asynchronous reset
state <= even;
clk_div2 = 0; x_even <= 0; x_odd <= 0; x_wait <= 0;

end else
case (state)

even : begin
x_even <= x_in;
x_odd <= x_wait;
clk_div2 = 1;
state <= odd;

end
odd : begin

x_wait <= x_in;
clk_div2 = 0;
state <= even;

end
endcase

end

always @(x_odd, x_even)
begin : RAG
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// Compute auxiliary multiplications of the filter
x33 = (x_odd <<< 5) + x_odd;
x99 = (x33 <<< 1) + x33;
x107 = x99 + (x_odd << 3);

// Compute all coefficients for the transposed filter
m0 = (x_even <<< 7) - (x_even <<< 2); // m0 = 124
m1 = x107 <<< 1; // m1 = 214
m2 = (x_even <<< 6) - (x_even <<< 3)

+ x_even; // m2 = 57
m3 = x33; // m3 = -33

end

always @(posedge reset or negedge clk_div2)
begin : AddPolyphase // use non-blocking assignments

if (reset) begin // Asynchronous clear
r0 <= 0; r1 <= 0; r2 <= 0; r3 <= 0;
y <= 0;

end else begin
//---------- Compute filter G0

r0 <= r2 + m0; // g0 = 128
r2 <= m2; // g2 = 57

//---------- Compute filter G1
r1 <= -r3 + m1; // g1 = 214
r3 <= m3; // g3 = -33

// Add the polyphase components
y <= r0 + r1;

end
end

// Provide some test signals as outputs
assign x_e = x_even;
assign x_o = x_odd;
assign clk2 = clk_div2;
assign g0 = r0;
assign g1 = r1;

assign y_out = y >>> 8; // Connect y / 256 to output

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: cic3r32.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module cic3r32 //----> Interface



832 Verilog Code

(input clk, // System clock
input reset, // Asynchronous reset
input signed [7:0] x_in, // System input
output signed [9:0] y_out,// System output
output reg clk2); // Clock divider

// --------------------------------------------------------
parameter hold=0, sample=1;
reg [1:0] state;
reg [4:0] count;
reg signed [7:0] x; // Registered input
reg signed [25:0] i0, i1 , i2; // I section 0, 1, and 2
reg signed [25:0] i2d1, i2d2, c1, c0; // I + COMB 0
reg signed [25:0] c1d1, c1d2, c2; // COMB section 1
reg signed [25:0] c2d1, c2d2, c3; // COMB section 2

always @(posedge clk or posedge reset)
begin : FSM

if (reset) begin // Asynchronous reset
count <= 0;
state <= hold;
clk2 <= 0;

end else begin
if (count == 31) begin

count <= 0;
state <= sample;
clk2 <= 1;

end else begin
count <= count + 1;
state <= hold;
clk2 <= 0;

end
end

end

always @(posedge clk or posedge reset)
begin : Int // 3 stage integrator sections

if (reset) begin // Asynchronous clear
x <= 0; i0 <= 0; i1 <= 0; i2 <= 0;

end else begin
x <= x_in;
i0 <= i0 + x;
i1 <= i1 + i0 ;
i2 <= i2 + i1 ;

end
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end

always @(posedge clk or posedge reset)
begin : Comb // 3 stage comb sections

if (reset) begin // Asynchronous clear
c0 <= 0; c1 <= 0; c2 <= 0; c3 <= 0;
i2d1 <= 0; i2d2 <= 0; c1d1 <= 0; c1d2 <= 0;
c2d1 <= 0; c2d2 <= 0;

end else if (state == sample) begin
c0 <= i2;
i2d1 <= c0;
i2d2 <= i2d1;
c1 <= c0 - i2d2;
c1d1 <= c1;
c1d2 <= c1d1;
c2 <= c1 - c1d2;
c2d1 <= c2;
c2d2 <= c2d1;
c3 <= c2 - c2d2;

end
end

assign y_out = c3[25:16];

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: cic3s32.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module cic3s32 //----> Interface
(input clk, // System clock
input reset, // Asynchronous reset
input signed [7:0] x_in, // System input
output signed [9:0] y_out,// System output
output reg clk2); // Clock divider

// --------------------------------------------------------
parameter hold=0, sample=1;
reg [1:0] state;
reg [4:0] count;
reg signed [7:0] x; // Registered input
reg signed [25:0] i0; // I section 0
reg signed [20:0] i1; // I section 1
reg signed [15:0] i2; // I section 2
reg signed [13:0] i2d1, i2d2, c1, c0; // I+C0
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reg signed [12:0] c1d1, c1d2, c2; // COMB 1
reg signed [11:0] c2d1, c2d2, c3; // COMB 2

always @(posedge clk or posedge reset)
begin : FSM

if (reset) begin // Asynchronous reset
count <= 0;
state <= hold;
clk2 <= 0;

end else begin
if (count == 31) begin

count <= 0;
state <= sample;
clk2 <= 1;

end
else begin

count <= count + 1;
state <= hold;
clk2 <= 0;

end
end

end

always @(posedge clk or posedge reset)
begin : Int // 3 stage integrator sections

if (reset) begin // Asynchronous clear
x <= 0; i0 <= 0; i1 <= 0; i2 <= 0;

end else begin
x <= x_in;
i0 <= i0 + x;
i1 <= i1 + i0[25:5];
i2 <= i2 + i1[20:5];

end
end

always @(posedge clk or posedge reset)

begin : Comb // 3 stage comb sections
if (reset) begin // Asynchronous clear

c0 <= 0; c1 <= 0; c2 <= 0; c3 <= 0;
i2d1 <= 0; i2d2 <= 0; c1d1 <= 0; c1d2 <= 0;
c2d1 <= 0; c2d2 <= 0;

end else if (state == sample) begin
c0 <= i2[15:2];
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i2d1 <= c0;
i2d2 <= i2d1;
c1 <= c0 - i2d2;
c1d1 <= c1[13:1];
c1d2 <= c1d1;
c2 <= c1[13:1] - c1d2;
c2d1 <= c2[12:1];
c2d2 <= c2d1;
c3 <= c2[12:1] - c2d2;

end
end

assign y_out = c3[11:2];

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: rc_sinc.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module rc_sinc #(parameter OL = 2, //Output buffer length-1

IL = 3, //Input buffer length -1
L = 10) // Filter length -1

(input clk, // System clock
input reset, // Asynchronous reset
input signed [7:0] x_in, // System input
output [3:0] count_o, // Counter FSM
output ena_in_o, // Sample input enable
output ena_out_o, // Shift output enable
output ena_io_o, // Enable transfer2output
output signed [8:0] f0_o, // First Sinc filter output
output signed [8:0] f1_o, // Second Sinc filter output
output signed [8:0] f2_o, // Third Sinc filter output
output signed [8:0] y_out);// System output

// --------------------------------------------------------
reg [3:0] count; // Cycle R_1*R_2
reg ena_in, ena_out, ena_io; // FSM enables
reg signed [7:0] x [0:10]; // TAP registers for 3 filters
reg signed [7:0] ibuf [0:3]; // TAP in registers
reg signed [7:0] obuf [0:2]; // TAP out registers
reg signed [8:0] f0, f1, f2; // Filter outputs

// Constant arrays for multiplier and taps:
wire signed [8:0] c0 [0:10];
wire signed [8:0] c2 [0:10];
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// filter coefficients for filter c0
assign c0[0] = -19; assign c0[1] = 26; assign c0[2]=-42;
assign c0[3] = 106; assign c0[4] = 212; assign c0[5]=-53;
assign c0[6] = 29; assign c0[7] = -21; assign c0[8]=16;
assign c0[9] = -13; assign c0[10] = 11;

// filter coefficients for filter c2
assign c2[0] = 11; assign c2[1] = -13;assign c2[2] = 16;
assign c2[3] = -21;assign c2[4] = 29; assign c2[5] = -53;
assign c2[6] = 212;assign c2[7] = 106;assign c2[8] = -42;
assign c2[9] = 26; assign c2[10] = -19;

always @(posedge reset or posedge clk)
begin : FSM // Control the system and sample at clk rate

if (reset) // Asynchronous reset
count <= 0;

else
if (count == 11) count <= 0;
else count <= count + 1;

end

always @(posedge clk)
begin // set the enable signal for the TAP lines

case (count)
2, 5, 8, 11 : ena_in <= 1;
default : ena_in <= 0;

endcase

case (count)
4, 8 : ena_out <= 1;
default : ena_out <= 0;

endcase

if (count == 0) ena_io <= 1;
else ena_io <= 0;

end

always @(posedge clk or posedge reset)// Input delay line
begin : INPUTMUX

integer I; // loop variable
if (reset) // Asynchronous clear

for (I=0; I<=IL; I=I+1) ibuf[I] <= 0;
else if (ena_in) begin
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for (I=IL; I>=1; I=I-1)
ibuf[I] <= ibuf[I-1]; // shift one

ibuf[0] <= x_in; // Input in register 0
end

end

always @(posedge clk or posedge reset)//Output delay line
begin : OUPUTMUX

integer I; // loop variable
if (reset) // Asynchronous clear

for (I=0; I<=OL; I=I+1) obuf[I] <= 0;
else begin

if (ena_io) begin // store 3 samples in output buffer
obuf[0] <= f0;
obuf[1] <= f1;
obuf[2] <= f2;

end else if (ena_out) begin
for (I=OL; I>=1; I=I-1)

obuf[I] <= obuf[I-1]; // shift one
end

end
end

always @(posedge clk or posedge reset)
begin : TAP // get 4 samples at one time

integer I; // loop variable
if (reset) // Asynchronous clear

for (I=0; I<=10; I=I+1) x[I] <= 0;
else if (ena_io) begin // One tapped delay line

for (I=0; I<=3; I=I+1)
x[I] <= ibuf[I]; // take over input buffer

for (I=4; I<=10; I=I+1) // 0->4; 4->8 etc.
x[I] <= x[I-4]; // shift 4 taps

end
end

always @(posedge clk or posedge reset)
begin : SOP0 // Compute sum-of-products for f0

reg signed [16:0] sum; // temp sum
reg signed [16:0] p [0:10]; // temp products
integer I;

for (I=0; I<=L; I=I+1) // Infer L+1 multiplier
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p[I] = c0[I] * x[I];

sum = p[0];
for (I=1; I<=L; I=I+1) // Compute the direct

sum = sum + p[I]; // filter adds
if (reset) f0 <= 0; // Asynchronous clear
else f0 <= sum >>> 8;

end

always @(posedge clk or posedge reset)
begin : SOP1 // Compute sum-of-products for f1

if (reset) f1 <= 0; // Asynchronous clear
else f1 <= x[5]; // No scaling, i.e., unit inpulse

end

always @(posedge clk) // Compute sum-of-products for f2
begin : SOP2

reg signed[16:0] sum; // temp sum
reg signed [16:0] p [0:10]; // temp products
integer I;

for (I=0; I<=L; I=I+1) // Infer L+1 multiplier
p[I] = c2[I] * x[I];

sum = p[0];
for (I=1; I<=L; I=I+1) // Compute the direct

sum = sum + p[I]; // filter adds

if (reset) f2 <= 0; // Asynchronous clear
else f2 <= sum >>> 8;

end

// Provide some test signals as outputs
assign f0_o = f0;
assign f1_o = f1;
assign f2_o = f2;
assign count_o = count;
assign ena_in_o = ena_in;
assign ena_out_o = ena_out;
assign ena_io_o = ena_io;

assign y_out = obuf[OL]; // Connect to output

endmodule
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//*********************************************************
// IEEE STD 1364-2001 Verilog file: farrow.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module farrow #(parameter IL = 3) // Input buffer length -1
(input clk, // System clock
input reset, // Asynchronous reset
input signed [7:0] x_in, // System input
output [3:0] count_o, // Counter FSM
output ena_in_o, // Sample input enable
output ena_out_o, // Shift output enable
output signed [8:0] c0_o,c1_o,c2_o,c3_o, // Phase delays
output [8:0] d_out, // Delay used
output reg signed [8:0] y_out); // System output

// --------------------------------------------------------
reg [3:0] count; // Cycle R_1*R_2
wire [6:0] delta; // Increment d
reg ena_in, ena_out; // FSM enables
reg signed [7:0] x [0:3];
reg signed [7:0] ibuf [0:3]; // TAP registers
reg [8:0] d; // Fractional Delay scaled to 8 bits
// Lagrange matrix outputs:
reg signed [8:0] c0, c1, c2, c3;

assign delta = 85;

always @(posedge reset or posedge clk) // Control the
begin : FSM // system and sample at clk rate

reg [8:0] dnew;
if (reset) begin // Asynchronous reset

count <= 0;
d <= delta;

end else begin
if (count == 11)

count <= 0;
else

count <= count + 1;
if (ena_out) begin // Compute phase delay
dnew = d + delta;

if (dnew >= 255)
d <= 0;

else
d <= dnew;
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end
end

end

always @(posedge clk or posedge reset)
begin // Set the enable signals for the TAP lines

case (count)
2, 5, 8, 11 : ena_in <= 1;
default : ena_in <= 0;

endcase

case (count)
3, 7, 11 : ena_out <= 1;
default : ena_out <= 0;

endcase
end

always @(posedge clk or posedge reset)
begin : TAP //----> One tapped delay line

integer I; // loop variable
if (reset) // Asynchronous clear

for (I=0; I<=IL; I=I+1) ibuf[I] <= 0;
else if (ena_in) begin

for (I=1; I<=IL; I=I+1)
ibuf[I-1] <= ibuf[I]; // Shift one

ibuf[IL] <= x_in; // Input in register IL
end

end

always @(posedge clk or posedge reset)
begin : GET // Get 4 samples at one time

integer I; // loop variable
if (reset) // Asynchronous clear

for (I=0; I<=IL; I=I+1) x[I] <= 0;
else if (ena_out) begin

for (I=0; I<=IL; I=I+1)
x[I] <= ibuf[I]; // take over input buffer

end
end

// Compute sum-of-products:
always @(posedge clk or posedge reset)
begin : SOP
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reg signed [8:0] y1, y2, y3; // temp’s

// Matrix multiplier iV=inv(Vandermonde) c=iV*x(n-1:n+2)’
// x(0) x(1) x(2) x(3)
// iV= 0 1.0000 0 0
// -0.3333 -0.5000 1.0000 -0.1667
// 0.5000 -1.0000 0.5000 0
// -0.1667 0.5000 -0.5000 0.1667

if (reset) begin // Asynchronous clear
y_out <= 0;
c0 <= 0; c1 <= 0; c2<= 0; c3 <= 0;

end else if (ena_out) begin
c0 <= x[1];
c1 <= (-85 * x[0] >>> 8) - (x[1]/2) + x[2] -

(43 * x[3] >>> 8);
c2 <= ((x[0] + x[2]) >>> 1) - x[1] ;
c3 <= ((x[1] - x[2]) >>> 1) +

(43 * (x[3] - x[0]) >>> 8);

// Farrow structure = Lagrange with Horner schema
// for u=0:3, y=y+f(u)*d^u; end;

y1 = c2 + ((c3 * d) >>> 8); // d is scale by 256
y2 = ((y1 * d) >>> 8) + c1;
y3 = ((y2 * d) >>> 8) + c0;

y_out <= y3; // Connect to output + store in register
end

end

assign c0_o = c0; // Provide test signals as outputs
assign c1_o = c1;
assign c2_o = c2;
assign c3_o = c3;
assign count_o = count;
assign ena_in_o = ena_in;
assign ena_out_o = ena_out;
assign d_out = d;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: cmoms.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
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module cmoms #(parameter IL = 3) // Input buffer length -1
(input clk, // System clock
input reset, // Asynchron reset
output [3:0] count_o, // Counter FSM
output ena_in_o, // Sample input enable
output ena_out_o, // Shift output enable
input signed [7:0] x_in, // System input
output signed [8:0] xiir_o, // IIR filter output
output signed [8:0] c0_o,c1_o,c2_o,c3_o,// C-MOMS matrix
output signed [8:0] y_out); // System output

// --------------------------------------------------------
reg [3:0] count; // Cycle R_1*R_2
reg [1:0] t;
reg ena_in, ena_out; // FSM enables
reg signed [7:0] x [0:3];
reg signed [7:0] ibuf [0:3]; // TAP registers
reg signed [8:0] xiir; // iir filter output

reg signed [16:0] y, y0, y1, y2, y3, h0, h1; // temp’s

// Spline matrix output:
reg signed [8:0] c0, c1, c2, c3;

// Precomputed value for d**k :
wire signed [8:0] d1 [0:2];
wire signed [8:0] d2 [0:2];
wire signed [8:0] d3 [0:2];

assign d1[0] = 0; assign d1[1] = 85; assign d1[2] = 171;
assign d2[0] = 0; assign d2[1] = 28; assign d2[2] = 114;
assign d3[0] = 0; assign d3[1] = 9; assign d3[2] = 76;

always @(posedge reset or posedge clk) // Control the
begin : FSM // system sample at clk rate

if (reset) begin // Asynchronous reset
count <= 0;
t <= 1;

end else begin
if (count == 11)

count <= 0;
else

count <= count + 1;
if (ena_out)
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if (t>=2) // Compute phase delay
t <= 0;

else
t <= t + 1;

end
end
assign t_out = t;

always @(posedge clk) // set the enable signal
begin // for the TAP lines

case (count)
2, 5, 8, 11 : ena_in <= 1;
default : ena_in <= 0;

endcase

case (count)
3, 7, 11 : ena_out <= 1;
default : ena_out <= 0;

endcase
end

// Coeffs: H(z)=1.5/(1+0.5z^-1)
always @(posedge clk or posedge reset)
begin : IIR // Compute iir coefficients first

reg signed [8:0] x1; // x * 1
if (reset) begin // Asynchronous clear

xiir <= 0; x1 <= 0;
end else
if (ena_in) begin

xiir <= (3 * x1 >>> 1) - (xiir >>> 1);
x1 = x_in;

end
end

always @(posedge clk or posedge reset)
begin : TAP //----> One tapped delay line

integer I; // Loop variable
if (reset) begin // Asynchronous clear

for (I=0; I<=IL; I=I+1) ibuf[I] <= 0;
end else
if (ena_in) begin

for (I=1; I<=IL; I=I+1)
ibuf[I-1] <= ibuf[I]; // Shift one
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ibuf[IL] <= xiir; // Input in register IL
end

end

always @(posedge clk or posedge reset)
begin : GET // Get 4 samples at one time

integer I; // Loop variable
if (reset) begin // Asynchronous clear
for (I=0; I<=IL; I=I+1) x[I] <= 0;
end else

if (ena_out) begin
for (I=0; I<=IL; I=I+1)

x[I] <= ibuf[I]; // Take over input buffer
end

end

// Compute sum-of-products:
always @(posedge clk or posedge reset)
begin : SOP

// Matrix multiplier C-MOMS matrix:
// x(0) x(1) x(2) x(3)
// 0.3333 0.6667 0 0
// -0.8333 0.6667 0.1667 0
// 0.6667 -1.5 1.0 -0.1667
// -0.1667 0.5 -0.5 0.1667

if (reset) begin // Asynchronous clear
c0 <= 0; c1 <= 0; c2 <= 0; c3 <= 0;
y0 <= 0; y1 <= 0; y2 <= 0; y3 <= 0;
h0 <= 0; h1 <= 0; y <= 0;

end else if (ena_out) begin
c0 <= (85 * x[0] + 171 * x[1]) >>> 8;
c1 <= (171 * x[1] - 213 * x[0] + 43 * x[2]) >>> 8;
c2 <= (171 * x[0] - (43 * x[3]) >>> 8)

- (3 * x[1] >>> 1) + x[2];
c3 <= (43 * (x[3] - x[0]) >>> 8)

+ ((x[1] - x[2]) >>> 1);

// No Farrow structure, parallel LUT for delays
// for u=0:3, y=y+f(u)*d^u; end;

y0 <= c0 * 256; // Use pipelined adder tree
y1 <= c1 * d1[t];
y2 <= c2 * d2[t];
y3 <= c3 * d3[t];
h0 <= y0 + y1;
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h1 <= y2 + y3;
y <= h0 + h1;

end
end

assign y_out = y >>> 8; // Connect to output
assign c0_o = c0; // Provide some test signals as outputs
assign c1_o = c1;
assign c2_o = c2;
assign c3_o = c3;
assign count_o = count;
assign ena_in_o = ena_in;
assign ena_out_o = ena_out;
assign xiir_o = xiir;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: db4latti.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module db4latti
(input clk, // System clock
input reset, // Asynchron reset
output clk2, // Clock divider
input signed [7:0] x_in, // System input
output signed [16:0] x_e, x_o, // Even/odd x input
output reg signed [8:0] g, h);// g/h filter output

// --------------------------------------------------------
reg signed [7:0] x_wait;
reg signed [16:0] sx_up, sx_low;
reg clk_div2;
wire signed [16:0] sxa0_up, sxa0_low;
wire signed [16:0] up0, up1, low1;
reg signed [16:0] low0;

always @(posedge clk or posedge reset) // Split into even
begin : Multiplex // and odd samples at clk rate

parameter even=0, odd=1;
reg [0:0] state;

if (reset) begin // Asynchronous reset
state <= even;
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sx_up <= 0; sx_low <= 0;
clk_div2 <= 0; x_wait <= 0;

end else
case (state)

even : begin
// Multiply with 256*s=124
sx_up <= (x_in <<< 7) - (x_in <<< 2);
sx_low <= (x_wait <<< 7) - (x_wait <<< 2);
clk_div2 <= 1;
state <= odd;

end
odd : begin

x_wait <= x_in;
clk_div2 <= 0;
state <= even;

end
endcase

end

//******** Multipy a[0] = 1.7321
// Compute: (2*sx_up - sx_up /4)-(sx_up /64 + sx_up /256)
assign sxa0_up = ((sx_up <<< 1) - (sx_up >>> 2))

- ((sx_up >>> 6) + (sx_up >>> 8));
// Compute: (2*sx_low - sx_low/4)-(sx_low/64 + sx_low/256)
assign sxa0_low = ((sx_low <<< 1) - (sx_low >>> 2))

- ((sx_low >>> 6) + (sx_low >>> 8));

//******** First stage -- FF in lower tree
assign up0 = sxa0_low + sx_up;
always @(posedge clk or posedge reset)
begin: LowerTreeFF

if (reset) begin // Asynchronous clear
low0 <= 0;

end else if (clk_div2)
low0 <= sx_low - sxa0_up;

end

//******** Second stage: a[1]=-0.2679
// Compute: (up0 - low0/4) - (low0/64 + low0/256);
assign up1 = (up0 - (low0 >>> 2))

- ((low0 >>> 6) + (low0 >>> 8));
// Compute: (low0 + up0/4) + (up0/64 + up0/256)
assign low1 = (low0 + (up0 >>> 2))

+ ((up0 >>> 6) + (up0 >>> 8));
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assign x_e = sx_up; // Provide some extra
assign x_o = sx_low; // test signals
assign clk2 = clk_div2;

always @(posedge clk or posedge reset)
begin: OutputScale

if (reset) begin // Asynchronous clear
g <= 0; h <= 0;

end else if (clk_div2) begin
g <= up1 >>> 8; // i.e. up1 / 256
h <= low1 >>> 8; // i.e. low1 / 256;

end
end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: dwtden.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module dwtden
#(parameter D1L = 28, //D1 buffer length

D2L = 10) // D2 buffer length
(input clk, // System clock
input reset, // Asynchron reset
input signed [15:0] x_in, // System input
input signed [15:0] t4d1, t4d2, t4d3, t4a3,// Thresholds

output signed [15:0] d1_out, // Level 1 detail
output signed [15:0] a1_out, // Level 1 approximation
output signed [15:0] d2_out, // Level 2 detail
output signed [15:0] a2_out, // Level 2 approximation
output signed [15:0] d3_out, // Level 3 detail
output signed [15:0] a3_out, // Level 3 approximation
// Debug signals:
output signed [15:0] s3_out, a3up_out, d3up_out, // L3
output signed [15:0] s2_out, s3up_out, d2up_out, // L2
output signed [15:0] s1_out, s2up_out, d1up_out, // L1
output signed [15:0] y_out); // System output

// --------------------------------------------------------

reg [2:0] count; // Cycle 2**max level
reg signed [15:0] x, xd; // Input delays
reg signed [15:0] a1, a2 ; // Analysis filter
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wire signed [15:0] d1, d2, a3, d3 ; // Analysis filter
reg signed [15:0] d1t, d2t, d3t, a3t ;

// Before thresholding
wire signed [15:0] abs_d1t, abs_d2t, abs_d3t, abs_a3t ;

// Absolute values
reg signed [15:0] a1up, a3up, d3up ;
reg signed [15:0] a1upd, s3upd, a3upd, d3upd ;
reg signed [15:0] a1d, a2d; // Delay filter output
reg ena1, ena2, ena3; // Clock enables
reg t1, t2, t3; // Toggle flip-flops
reg signed [15:0] s2, s3up, s3, d2syn ;
reg signed [15:0] s1, s2up, s2upd ;
// Delay lines for d1 and d2
reg signed [15:0] d2upd [0:11];
reg signed [15:0] d1upd [0:29];

always @(posedge reset or posedge clk) // Control the
begin : FSM // system sample at clk rate

if (reset) begin // Asynchronous reset
count <= 0; ena1 <= 0; ena2 <= 0; ena3 <= 0;

end else begin
if (count == 7) count <= 0;
else count <= count + 1;
case (count) // Level 1 enable

3’b001 : ena1 <= 1;
3’b011 : ena1 <= 1;
3’b101 : ena1 <= 1;
3’b111 : ena1 <= 1;
default : ena1 <= 0;

endcase
case (count) // Level 2 enable

3’b001 : ena2 <= 1;
3’b101 : ena2 <= 1;
default : ena2 <= 0;

endcase
case (count) // Level 3 enable

3’b101 : ena3 <= 1;
default : ena3 <= 0;

endcase
end

end

// Haar analysis filter bank
always @(posedge reset or posedge clk)
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begin : Analysis
if (reset) begin // Asynchronous clear

x <= 0; xd <= 0; d1t <= 0; a1 <= 0; a1d <= 0;
d2t <= 0; a2 <= 0; a2d <= 0; d3t <= 0; a3t <= 0;

end else begin
x <= x_in;
xd <= x;
if (ena1) begin // Level 1 analysis

d1t <= x - xd;
a1 <= x + xd;
a1d <= a1;

end
if (ena2) begin // Level 2 analysis

d2t <= a1 - a1d;
a2 <= a1 + a1d;
a2d <= a2;

end
if (ena3) begin // Level 3 analysis

d3t <= a2 - a2d;
a3t <= a2 + a2d;

end
end

end

// Take absolute values first
assign abs_d1t = (d1t>=0)? d1t : -d1t;
assign abs_d2t = (d2t>=0)? d2t : -d2t;
assign abs_d3t = (d3t>=0)? d3t : -d3t;
assign abs_a3t = (a3t>=0)? a3t : -a3t;

// Thresholding of d1, d2, d3 and a3
assign d1 = (abs_d1t > t4d1)? d1t : 0;
assign d2 = (abs_d2t > t4d2)? d2t : 0;
assign d3 = (abs_d3t > t4d3)? d3t : 0;
assign a3 = (abs_a3t > t4a3)? a3t : 0;

// Down followed by up sampling is implemented by setting
// every 2. value to zero
always @(posedge reset or posedge clk)
begin : Synthesis

integer k; // Loop variable
if (reset) begin // Asynchronous clear

t1 <= 0; t2 <= 0; t3 <= 0;
s3up <= 0;s3upd <= 0;
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d3up <= 0; a3up <= 0; a3upd<=0; d3upd <= 0;
s3 <= 0; s2 <= 0;
s1 <= 0; s2up <= 0; s2upd <= 0;
for (k=0; k<=D2L+1; k=k+1) // delay to match s3up

d2upd[k] <= 0;
for (k=0; k<=D1L+1; k=k+1) // delay to match s2up

d1upd[k] <= 0;
end else begin

t1 <= ~t1; // toggle FF level 1
if (t1) begin

d1upd[0] <= d1;
s2up <= s2;

end else begin
d1upd[0] <= 0;
s2up <= 0;

end
s2upd <= s2up;
for (k=1; k<=D1L+1; k=k+1) // Delay to match s2up

d1upd[k] <= d1upd[k-1];
s1 <= (s2up + s2upd -d1upd[D1L] +d1upd[D1L+1]) >>> 1;
if (ena1) begin

t2 <= ~t2; // toggle FF level 2
if (t2) begin

d2upd[0] <= d2;
s3up <= s3;

end else begin
d2upd[0] <= 0;
s3up <= 0;

end
s3upd <= s3up;
for (k=1; k<=D2L+1; k=k+1) // Delay to match s3up

d2upd[k] <= d2upd[k-1];
s2 <= (s3up +s3upd -d2upd[D2L] +d2upd[D2L+1])>>> 1;

end

if (ena2) begin // Synthesis level 3
t3 <= ~t3; // toggle FF
if (t3) begin

d3up <= d3;
a3up <= a3;

end else begin
d3up <= 0;
a3up <= 0;

end
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a3upd <= a3up;
d3upd <= d3up;
s3 <= (a3up + a3upd - d3up + d3upd) >>> 1;

end
end

end

assign a1_out = a1;// Provide some test signal as outputs
assign d1_out = d1;
assign a2_out = a2;
assign d2_out = d2;
assign a3_out = a3;
assign d3_out = d3;
assign a3up_out = a3up;
assign d3up_out = d3up;
assign s3_out = s3;
assign s3up_out = s3up;
assign d2up_out = d2upd[D2L];
assign s2_out = s2;
assign s1_out = s1;
assign s2up_out = s2up;
assign d1up_out = d1upd[D1L];
assign y_out = s1;
assign ena1_out = ena1;
assign ena2_out = ena2;
assign ena3_out = ena3;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: rader7.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module rader7 //---> Interface
(input clk, // System clock
input reset, // Asynchronous reset
input [7:0] x_in, // Real system input
output reg signed[10:0] y_real, //Real system output
output reg signed[10:0] y_imag);//Imaginary system output

// --------------------------------------------------------
reg signed [10:0] accu; // Signal for X[0]
// Direct bit access of 2D vector in Quartus Verilog 2001
// works; no auxiliary signal for this purpose necessary
reg signed [18:0] im [0:5];
reg signed [18:0] re [0:5];
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// real is keyword in Verilog and can not be an identifier
// Tapped delay line array

reg signed [18:0] x57, x111, x160, x200, x231, x250 ;
// The filter coefficients

reg signed [18:0] x5, x25, x110, x125, x256;
// Auxiliary filter coefficients

reg signed [7:0] x, x_0; // Signals for x[0]
reg [1:0] state; // State variable
reg [4:0] count; // Clock cycle counter

always @(posedge clk or posedge reset) // State machine
begin : States // for RADER filter

parameter Start=0, Load=1, Run=2;

if (reset) begin // Asynchronous reset
state <= Start; accu <= 0;
count <= 0; y_real <= 0; y_imag <= 0;

end else
case (state)

Start : begin // Initialization step
state <= Load;
count <= 1;
x_0 <= x_in; // Save x[0]
accu <= 0 ; // Reset accumulator for X[0]
y_real <= 0;
y_imag <= 0;

end
Load : begin // Apply x[5],x[4],x[6],x[2],x[3],x[1]

if (count == 8) // Load phase done ?
state <= Run;

else begin
state <= Load;
accu <= accu + x;

end
count <= count + 1;

end
Run : begin // Apply again x[5],x[4],x[6],x[2],x[3]

if (count == 15) begin // Run phase done ?
y_real <= accu; // X[0]
y_imag <= 0; // Only re inputs => Im(X[0])=0
count <= 0; // Output of result
state <= Start; // and start again

end else begin
y_real <= (re[0] >>> 8) + x_0;
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// i.e. re[0]/256+x[0]
y_imag <= (im[0] >>> 8); // i.e. im[0]/256
state <= Run;
count <= count + 1;

end
end

endcase
end

// --------------------------------------------------------
always @(posedge clk or posedge reset) // Structure of the
begin : Structure // two FIR filters

integer k; // loop variable
if (reset) begin // in transposed form

for (k=0; k<=5; k=k+1) begin
re[k] <= 0; im[k] <= 0; // Asynchronous clear

end
x <= 0;

end else begin
x <= x_in;

// Real part of FIR filter in transposed form
re[0] <= re[1] + x160 ; // W^1
re[1] <= re[2] - x231 ; // W^3
re[2] <= re[3] - x57 ; // W^2
re[3] <= re[4] + x160 ; // W^6
re[4] <= re[5] - x231 ; // W^4
re[5] <= -x57; // W^5

// Imaginary part of FIR filter in transposed form
im[0] <= im[1] - x200 ; // W^1
im[1] <= im[2] - x111 ; // W^3
im[2] <= im[3] - x250 ; // W^2
im[3] <= im[4] + x200 ; // W^6
im[4] <= im[5] + x111 ; // W^4
im[5] <= x250; // W^5

end
end

// --------------------------------------------------------
always @(posedge clk or posedge reset) // Note that all
begin : Coeffs // signals are globally defined
// Compute the filter coefficients and use FFs

if (reset) begin // Asynchronous clear
x160 <= 0; x200 <= 0; x250 <= 0;
x57 <= 0; x111 <= 0; x231 <= 0;

end else begin
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x160 <= x5 <<< 5; // i.e. 160 = 5 * 32;
x200 <= x25 <<< 3; // i.e. 200 = 25 * 8;
x250 <= x125 <<< 1; // i.e. 250 = 125 * 2;
x57 <= x25 + (x <<< 5); // i.e. 57 = 25 + 32;
x111 <= x110 + x; // i.e. 111 = 110 + 1;
x231 <= x256 - x25; // i.e. 231 = 256 - 25;

end
end

always @* // Note that all signals
begin : Factors // are globally defined
// Compute the auxiliary factor for RAG without an FF

x5 = (x <<< 2) + x; // i.e. 5 = 4 + 1;
x25 = (x5 <<< 2) + x5; // i.e. 25 = 5*4 + 5;
x110 = (x25 <<< 2) + (x5 <<< 2);// i.e. 110 = 25*4+5*4;
x125 = (x25 <<< 2) + x25; // i.e. 125 = 25*4+25;
x256 = x <<< 8; // i.e. 256 = 2 ** 8;

end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: fft256.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module fft256 //----> Interface
(input clk, // System clock
input reset, // Asynchronous reset
input signed [15:0] xr_in, xi_in, // Real and imag. input
output reg fft_valid, // FFT output is valid
output reg signed [15:0] fftr, ffti, // Real/imag. output
output [8:0] rcount_o, // Bitreverese index counter
output [15:0] xr_out0, // Real first in reg. file
output [15:0] xi_out0, // Imag. first in reg. file
output [15:0] xr_out1, // Real second in reg. file
output [15:0] xi_out1, // Imag. second in reg. file
output [15:0] xr_out255, // Real last in reg. file
output [15:0] xi_out255, // Imag. last in reg. file
output [8:0] stage_o, gcount_o, // Stage and group count
output [8:0] i1_o, i2_o, // (Dual) data index
output [8:0] k1_o, k2_o, // Index offset
output [8:0] w_o, dw_o, // Cos/Sin (increment) angle
output reg [8:0] wo); // Decision tree location loop FSM

// --------------------------------------------------------
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reg[2:0] s; // State machine variable
parameter start=0, load=1, calc=2, update=3,

reverse=4, done=5;

reg [8:0] w;
reg signed [15:0] sin, cos;
reg signed [15:0] tr, ti;
// Double length product
reg signed [31:0] cos_tr, sin_ti, cos_ti, sin_tr;
reg [15:0] cos_rom[127:0];
reg [15:0] sin_rom[127:0];
reg [8:0] i1, i2, gcount, k1, k2;
reg [8:0] stage, dw;
reg [7:0] rcount;

reg [7:0] slv, rslv;
wire [8:0] N, ldN;
assign N = 256; // Number of points
assign ldN = 8; // Log_2 number of points
// Register array for 16 bit precision:
reg [15:0] xr[255:0];
reg [15:0] xi[255:0];

initial
begin

$readmemh("cos128x16.txt", cos_rom);
$readmemh("sin128x16.txt", sin_rom);

end

always @ (negedge clk or posedge reset)
if (reset == 1) begin

cos <= 0; sin <= 0;
end else begin

cos <= cos_rom[w[6:0]];
sin <= sin_rom[w[6:0]];

end

always @(posedge reset or posedge clk)
begin : States // FFT in behavioral style

integer k;
reg [8:0] count;
if (reset) begin // Asynchronous reset

s <= start; count = 0;
gcount = 0; stage= 1; i1 = 0; i2 = N/2; k1=N;
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k2=N/2; dw = 1; fft_valid <= 0;
fftr <= 0; ffti <= 0; wo <= 0;

end else
case (s) // Next State assignments
start : begin

s <= load; count <= 0; w <= 0;
gcount = 0; stage= 1; i1 = 0; i2 = N/2; k1=N;
k2=N/2; dw = 1; fft_valid <= 0; rcount <= 0;

end
load : begin // Read in all data from I/O ports

xr[count] <= xr_in; xi[count] <= xi_in;
count <= count + 1;
if (count == N) s <= calc;
else s <= load;

end
calc : begin // Do the butterfly computation

tr = xr[i1] - xr[i2];
xr[i1] <= xr[i1] + xr[i2];
ti = xi[i1] - xi[i2];
xi[i1] <= xi[i1] + xi[i2];
cos_tr = cos * tr; sin_ti = sin * ti;
xr[i2] <= (cos_tr >>> 14) + (sin_ti >>> 14);
cos_ti = cos * ti; sin_tr = sin * tr;
xi[i2] <= (cos_ti >>> 14) - (sin_tr >>> 14);
s <= update;

end
update : begin // all counters and pointers

s <= calc; // by default do next butterfly
i1 = i1 + k1; // next butterfly in group
i2 = i1 + k2;
wo <= 1;
if ( i1 >= N-1 ) begin // all butterfly
gcount = gcount + 1; // done in group?
i1 = gcount;
i2 = i1 + k2;
wo <= 2;
if ( gcount >= k2 ) begin // all groups done

gcount = 0; i1 = 0; i2 = k2; // in stages?
dw = dw * 2;
stage = stage + 1;
wo <= 3;
if (stage > ldN) begin // all stages done

s <= reverse;
count = 0;



Verilog Code 857

wo <= 4;
end else begin // start new stage

k1 = k2; k2 = k2/2;
i1 = 0; i2 = k2;
w <= 0;
wo <= 5;

end
end else begin // start new group

i1 = gcount; i2 = i1 + k2;
w <= w + dw;
wo <= 6;

end
end

end
reverse : begin // Apply Bit Reverse

fft_valid <= 1;
for (k=0;k<=7;k=k+1) rcount[k] = count[7-k];
fftr <= xr[rcount]; ffti <= xi[rcount];
count = count + 1;
if (count >= N) s <= done;
else s <= reverse;

end
done : begin // Output of results

s <= start; // start next cycle
end

endcase
end

assign xr_out0 = xr[0];
assign xi_out0 = xi[0];
assign xr_out1 = xr[1];
assign xi_out1 = xi[1];
assign xr_out255 = xr[255];
assign xi_out255 = xi[255];
assign i1_o = i1; // Provide some test signals as outputs
assign i2_o = i2;
assign stage_o = stage;
assign gcount_o = gcount;
assign k1_o = k1;
assign k2_o = k2;
assign w_o = w;
assign dw_o = dw;
assign rcount_o = rcount;
assign w_out = w;
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assign cos_out = cos;
assign sin_out = sin;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: lfsr.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module lfsr //----> Interface
(input clk, // System clock
input reset, // Asynchronous reset
output [6:1] y); // System output

// --------------------------------------------------------
reg [6:1] ff; // Note that reg is keyword in Verilog and

// can not be variable name
integer i; // loop variable

always @(posedge clk or posedge reset)
begin // Length 6 LFSR with xnor

if (reset) // Asynchronous clear
ff <= 0;

else begin
ff[1] <= ff[5] ~^ ff[6];//Use non-blocking assignment
for (i=6; i>=2 ; i=i-1)//Tapped delay line: shift one

ff[i] <= ff[i-1];
end

end

assign y = ff; // Connect to I/O pins

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: lfsr6s3.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module lfsr6s3 //----> Interface
(input clk, // System clock
input reset, // Asynchronous reset
output [6:1] y); // System output

// --------------------------------------------------------
reg [6:1] ff; // Note that reg is keyword in Verilog and
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// can not be variable name

always @(posedge clk or posedge reset)
begin

if (reset) // Asynchronous clear
ff <= 0;

else begin // Implement three-step
ff[6] <= ff[3]; // length-6 LFSR with xnor;
ff[5] <= ff[2]; // use non-blocking assignments
ff[4] <= ff[1];
ff[3] <= ff[5] ~^ ff[6];
ff[2] <= ff[4] ~^ ff[5];
ff[1] <= ff[3] ~^ ff[4];

end
end

assign y = ff;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: ammod.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module ammod #(parameter W = 8) // Bit width - 1
(input clk, // System clock
input reset, // Asynchronous reset
input signed [W:0] r_in, // Radius input
input signed [W:0] phi_in, // Phase input
output reg signed [W:0] x_out, // x or real part output
output reg signed [W:0] y_out, // y or imaginary part
output reg signed [W:0] eps); // Error of results

// --------------------------------------------------------
reg signed [W:0] x [0:3]; // There is bit access in 2D
reg signed [W:0] y [0:3]; // array types in
reg signed [W:0] z [0:3]; // Quartus Verilog 2001

always @(posedge clk or posedge reset)
begin: Pipeline

integer k; // Loop variable
if (reset) begin

for (k=0; k<=3; k=k+1) begin // Asynchronous clear
x[k] <= 0; y[k] <= 0; z[k] <= 0;

end
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x_out <= 0; eps <= 0; y_out <= 0;
end

else begin

if (phi_in > 90) begin // Test for |phi_in| > 90
x[0] <= 0; // Rotate 90 degrees
y[0] <= r_in; // Input in register 0
z[0] <= phi_in - ’sd90;

end else if (phi_in < - 90) begin
x[0] <= 0;
y[0] <= - r_in;
z[0] <= phi_in + ’sd90;

end else begin
x[0] <= r_in;
y[0] <= 0;
z[0] <= phi_in;

end

if (z[0] >= 0) begin // Rotate 45 degrees
x[1] <= x[0] - y[0];
y[1] <= y[0] + x[0];
z[1] <= z[0] - ’sd45;

end else begin
x[1] <= x[0] + y[0];
y[1] <= y[0] - x[0];
z[1] <= z[0] + ’sd45;

end

if (z[1] >= 0) begin // Rotate 26 degrees
x[2] <= x[1] - (y[1] >>> 1); // i.e. x[1] - y[1] /2
y[2] <= y[1] + (x[1] >>> 1); // i.e. y[1] + x[1] /2
z[2] <= z[1] - ’sd26;

end else begin
x[2] <= x[1] + (y[1] >>> 1); // i.e. x[1] + y[1] /2
y[2] <= y[1] - (x[1] >>> 1); // i.e. y[1] - x[1] /2
z[2] <= z[1] + ’sd26;

end

if (z[2] >= 0) begin // Rotate 14 degrees
x[3] <= x[2] - (y[2] >>> 2); // i.e. x[2] - y[2]/4
y[3] <= y[2] + (x[2] >>> 2); // i.e. y[2] + x[2]/4
z[3] <= z[2] - ’sd14;

end else begin
x[3] <= x[2] + (y[2] >>> 2); // i.e. x[2] + y[2]/4
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y[3] <= y[2] - (x[2] >>> 2); // i.e. y[2] - x[2]/4
z[3] <= z[2] + ’sd14;

end

x_out <= x[3];
eps <= z[3];
y_out <= y[3];

end
end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: fir_lms.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// This is a generic LMS FIR filter generator
// It uses W1 bit data/coefficients bits
module fir_lms //----> Interface
#(parameter W1 = 8, // Input bit width

W2 = 16, // Multiplier bit width 2*W1
L = 2, // Filter length
Delay = 3) // Pipeline steps of multiplier

(input clk, // System clock
input reset, // Asynchronous reset
input signed [W1-1:0] x_in, //System input
input signed [W1-1:0] d_in, // Reference input
output signed [W1-1:0] f0_out, // 1. filter coefficient
output signed [W1-1:0] f1_out, // 2. filter coefficient
output signed [W2-1:0] y_out, // System output
output signed [W2-1:0] e_out); // Error signal

// --------------------------------------------------------
// Signed data types are supported in 2001
// Verilog, and used whenever possible
reg signed [W1-1:0] x [0:1]; // Data array
reg signed [W1-1:0] f [0:1]; // Coefficient array
reg signed [W1-1:0] d;
wire signed [W1-1:0] emu;
reg signed [W2-1:0] p [0:1]; // 1. Product array
reg signed [W2-1:0] xemu [0:1]; // 2. Product array
wire signed [W2-1:0] y, sxty, e, sxtd;
wire signed [W2-1:0] sum; // Auxilary signals

always @(posedge clk or posedge reset)
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begin: Store // Store these data or coefficients
if (reset) begin // Asynchronous clear

d <= 0; x[0] <= 0; x[1] <= 0; f[0] <= 0; f[1] <= 0;
end else begin

d <= d_in; // Store desired signal in register
x[0] <= x_in; // Get one data sample at a time
x[1] <= x[0]; // shift 1
f[0] <= f[0] + xemu[0][15:8]; // implicit divide by 2
f[1] <= f[1] + xemu[1][15:8];

end
end

// Instantiate L multiplier
always @(*)
begin : MulGen1

integer I; // loop variable
for (I=0; I<L; I=I+1) p[I] <= x[I] * f[I];

end

assign y = p[0] + p[1]; // Compute ADF output

// Scale y by 128 because x is fraction
assign e = d - (y >>> 7) ;
assign emu = e >>> 1; // e*mu divide by 2 and

// 2 from xemu makes mu=1/4

// Instantiate L multipliers
always @(*)
begin : MulGen2

integer I; // loop variable
for (I=0; I<=L-1; I=I+1) xemu[I] <= emu * x[I];

end

assign y_out = y >>> 7; // Monitor some test signals
assign e_out = e;
assign f0_out = f[0];
assign f1_out = f[1];

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: fir4dlms.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
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// This is a generic DLMS FIR filter generator
// It uses W1 bit data/coefficients bits
module fir4dlms //----> Interface
#(parameter W1 = 8, // Input bit width

W2 = 16, // Multiplier bit width 2*W1
L = 2) // Filter length

(input clk, // System clock
input reset, // Asynchronous reset
input signed [W1-1:0] x_in, //System input
input signed [W1-1:0] d_in, // Reference input
output signed [W1-1:0] f0_out, // 1. filter coefficient
output signed [W1-1:0] f1_out, // 2. filter coefficient
output signed [W2-1:0] y_out, // System output
output signed [W2-1:0] e_out); // Error signal

// --------------------------------------------------------
// 2D array types memories are supported by Quartus II
// in Verilog, use therefore single vectors
reg signed [W1-1:0] x[0:4];
reg signed [W1-1:0] f[0:1];
reg signed [W1-1:0] d[0:2]; // Desired signal array
wire signed [W1-1:0] emu;
reg signed [W2-1:0] xemu[0:1]; // Product array
reg signed [W2-1:0] p[0:1]; // double bit width
reg signed [W2-1:0] y, e, sxtd;

always @(posedge clk or posedge reset) // Store these data
begin: Store // or coefficients

integer k; // loop variable
if (reset) begin // Asynchronous clear

for (k=0; k<=2; k=k+1) d[k] <= 0;
for (k=0; k<=4; k=k+1) x[k] <= 0;
for (k=0; k<=1; k=k+1) f[k] <= 0;

end else begin
d[0] <= d_in; // Shift register for desired data
d[1] <= d[0];
d[2] <= d[1];
x[0] <= x_in; // Shift register for data
x[1] <= x[0];
x[2] <= x[1];
x[3] <= x[2];
x[4] <= x[3];
f[0] <= f[0] + xemu[0][15:8]; // implicit divide by 2
f[1] <= f[1] + xemu[1][15:8];

end
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end

// Instantiate L pipelined multiplier
always @(posedge clk or posedge reset)
begin : Mul

integer k, I; // loop variable
if (reset) begin // Asynchronous clear

for (k=0; k<=L-1; k=k+1) begin
p[k] <= 0;
xemu[k] <= 0;

end
y <= 0; e <= 0;

end else begin
for (I=0; I<L; I=I+1) begin

p[I] <= x[I] * f[I];
xemu[I] <= emu * x[I+3];

end
y <= p[0] + p[1]; // Compute ADF output

// Scale y by 128 because x is fraction
e <= d[2] - (y >>> 7);

end
end

assign emu = e >>> 1; // e*mu divide by 2 and
// 2 from xemu makes mu=1/4

assign y_out = y >>> 7; // Monitor some test signals
assign e_out = e;
assign f0_out = f[0];
assign f1_out = f[1];

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: pca.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module pca // ------> Interface
(input clk, // System clock
input reset, // Asynchron reset
input signed [31:0] s1_in, // 1. signal input
input signed [31:0] s2_in, // 2. signal input
input signed [31:0] mu1_in, // Learning rate 1. PC
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input signed [31:0] mu2_in, // Learning rate 2. PC
output signed [31:0] x1_out, // Mixing 1. output
output signed [31:0] x2_out, // Mixing 2. output
output signed [31:0] w11_out, // Eigenvector [1,1]
output signed [31:0] w12_out, // Eigenvector [1,2]
output signed [31:0] w21_out, // Eigenvector [2,1]
output signed [31:0] w22_out, // Eigenvector [2,2]
output reg signed [31:0] y1_out, // 1. PC output
output reg signed [31:0] y2_out); // 2. PC output

// --------------------------------------------------------
// All data and coefficients are in 16.16 format
reg signed [31:0] s, s1, s2, x1, x2, w11, w12, w21, w22;
reg signed [31:0] h11, h12, y1, y2, mu1, mu2;
// Product double bit width
reg signed [63:0] a11s1, a12s2, a21s1, a22s2;
reg signed [63:0] x1w11, x2w12, w11y1, mu1y1, p12;
reg signed [63:0] x1w21, x2w22, w21y2, p21, w22y2;
reg signed [63:0] mu2y2, p22, p11;

wire signed [31:0] a11, a12, a21, a22, ini;
assign a11 = 32’h0000C000; // 0.75
assign a12 = 32’h00018000; // 1.5
assign a21 = 32’h00008000; // 0.5
assign a22 = 32’h00005555; // 0.333333
assign ini = 32’h00008000; // 0.5

always @(posedge clk or posedge reset)
begin : P1 // PCA using Sanger GHA

if (reset) begin // reset/initialize all registers
x1 <= 0; x2 <= 0; y1_out <= 0; y2_out <= 0;
w11 <= ini; w12 <= ini; s1 <= 0; mu1 <= 0;
w21 <= ini; w22 <= ini; s2 <= 0; mu2 <= 0;

end else begin
s1 <= s1_in; // place inputs in registers
s2 <= s2_in;
mu1 <= mu1_in;
mu2 <= mu2_in;

// Mixing matrix
a11s1 = a11 * s1; a12s2 = a12 * s2;
x1 <= (a11s1 >>> 16) + (a12s2 >>> 16);
a21s1 = a21 * s1; a22s2 = a22 * s2;
x2 <= (a21s1 >>> 16) - (a22s2 >>> 16);
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// first PC and eigenvector
x1w11 = x1 * w11;
x2w12 = x2 * w12;
y1 = (x1w11 >>> 16) + (x2w12 >>> 16);
w11y1 = w11 * y1;
mu1y1 = mu1 * y1;
h11 = w11y1 >>> 16;
p11 = (mu1y1 >>> 16) * (x1 - h11);
w11 <= w11 + (p11 >>> 16);

h12 = (w12 * y1) >>> 16;
p12 = (x2 - h12) * (mu1y1 >>> 16);
w12 <= w12 + (p12 >>> 16);

// second PC and eigenvector
x1w21 = x1 * w21; x2w22 = x2 * w22;
y2 = (x1w21 >>> 16) + (x2w22 >>> 16);
w21y2 = w21 * y2;
mu2y2 = mu2 * y2;
p21 = (mu2y2 >>> 16) * (x1 - h11 - (w21y2 >>> 16));
w21 <= w21 + (p21 >>> 16);

w22y2 = w22 * y2;
p22 = (mu2y2 >>> 16) * (x2 - h12 - (w22y2 >>> 16));
w22 <= w22 + (p22 >>> 16);
// registers y output
y1_out <= y1;
y2_out <= y2;

end
end

// Redefine bits as 32 bit SLV
assign x1_out = x1;
assign x2_out = x2;
assign w11_out = w11;
assign w12_out = w12;
assign w21_out = w21;
assign w22_out = w22;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: ica.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
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//*********************************************************
module ica // ------> Interface
(input clk, // System clock
input reset, // Asynchron reset
input signed [31:0] s1_in, // 1. signal input
input signed [31:0] s2_in, // 2. signal input
input signed [31:0] mu_in, // Learning rate
output signed [31:0] x1_out, // Mixing 1. output
output signed [31:0] x2_out, // Mixing 2. output
output signed [31:0] B11_out, // Demixing 1,1
output signed [31:0] B12_out, // Demixing 1,2
output signed [31:0] B21_out, // Demixing 2,1
output signed [31:0] B22_out, // Demixing 2,2
output reg signed [31:0] y1_out, // 1. component output
output reg signed [31:0] y2_out); // 2. component output

// --------------------------------------------------------
// All data and coefficients are in 16.16 format

reg signed [31:0] s, s1, s2, x1, x2, B11, B12, B21, B22;
reg signed [31:0] y1, y2, f1, f2, H11, H12, H21, H22, mu;
reg signed [31:0] DB11, DB12, DB21, DB22;
// Product double bit width
reg signed [63:0] a11s1, a12s2, a21s1, a22s2;
reg signed [63:0] x1B11, x2B12, x1B21, x2B22;
reg signed [63:0] y1y1, y2f1, y1y2, y1f2, y2y2;
reg signed [63:0] muDB11, muDB12, muDB21, muDB22;
reg signed [63:0] B11H11, H12B21, B12H11, H12B22;
reg signed [63:0] B11H21, H22B21, B12H21, H22B22;

wire signed [31:0] a11, a12, a21, a22, one, negone;
assign a11 = 32’h0000C000; // 0.75
assign a12 = 32’h00018000; // 1.5
assign a21 = 32’h00008000; // 0.5
assign a22 = 32’h00005555; // 0.333333
assign one = 32’h00010000; // 1.0
assign negone = 32’hFFFF0000; // -1.0

always @(posedge clk or posedge reset)
begin : P1 // ICA using EASI

if (reset) begin // reset/initialize all registers
x1 <= 0; x2 <= 0; y1_out <= 0; y2_out <= 0;
B11 <= one; B12 <= 0; s1 <= 0; mu <= 0;
B21 <= 0; B22 <= one; s2 <= 0;

end else begin
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s1 <= s1_in; // place inputs in registers
s2 <= s2_in;
mu <= mu_in;

// Mixing matrix
a11s1 = a11 * s1; a12s2 = a12 * s2;
x1 <= (a11s1 >>> 16) + (a12s2 >>> 16);
a21s1 = a21 * s1; a22s2 = a22 * s2;
x2 <= (a21s1 >>> 16) - (a22s2 >>> 16);

// New y values first
x1B11 = x1 * B11; x2B12 = x2 * B12;
y1 = (x1B11 >>> 16) + (x2B12 >>> 16);
x1B21 = x1 * B21; x2B22 = x2 * B22;
y2 = (x1B21 >>> 16) + (x2B22 >>> 16);

// compute the H matrix
// Build tanh approximation function for f1

if (y1 > one) f1 = one;
else if (y1 < negone) f1 = negone;
else f1 = y1;

// Build tanh approximation function for f2
if (y2 > one) f2 = one;
else if (y2 < negone) f2 = negone;
else f2 = y2;

y1y1 = y1 * y1;
H11 = one - (y1y1 >>> 16) ;
y2f1 = f1 * y2; y1y2 = y1 * y2; y1f2 = y1 * f2;
H12 = (y2f1 >>> 16) - (y1y2 >>> 16) - (y1f2 >>> 16);
H21 = (y1f2 >>> 16) - (y1y2 >>> 16) - (y2f1 >>> 16);
y2y2 = y2 * y2;
H22 = one - (y2y2 >>> 16);

// update matrix Delta B
B11H11 = B11 * H11; H12B21 = H12 * B21;
DB11 = (B11H11 >>> 16) + (H12B21 >>> 16);
B12H11 = B12 * H11; H12B22 = H12 * B22;
DB12 = (B12H11 >>> 16) + (H12B22 >>> 16);
B11H21 = B11 * H21; H22B21 = H22 * B21;
DB21 = (B11H21 >>> 16) + (H22B21 >>> 16);
B12H21 = B12 * H21; H22B22 = H22 * B22;
DB22 = (B12H21 >>> 16) + (H22B22 >>> 16);

// Store update matrix B in registers
muDB11 = mu * DB11; muDB12 = mu * DB12;
muDB21 = mu * DB21; muDB22 = mu * DB22;
B11 <= B11 + (muDB11 >>> 16) ;
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B12 <= B12 + (muDB12 >>> 16);
B21 <= B21 + (muDB21 >>> 16);
B22 <= B22 + (muDB22 >>> 16);

// register y output
y1_out <= y1;
y2_out <= y2;

end
end

assign x1_out = x1; // Redefine bits as 32 bit SLV
assign x2_out = x2;
assign B11_out = B11;
assign B12_out = B12;
assign B21_out = B21;
assign B22_out = B22;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: g711alaw.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// G711 includes A and mu-law coding for speech signals:
// A ~= 87.56; |x|<= 4095, i.e., 12 bit plus sign
// mu~=255; |x|<=8160, i.e., 14 bit
// --------------------------------------------------------
module g711alaw #(parameter WIDTH = 13) // Bit width
(input clk, // System clock
input reset, // Asynchron reset
input signed [12:0] x_in, // System input
output reg signed [7:0] enc, // Encoder output
output reg signed [12:0] dec,// Decoder output
output signed [13:0] err); // Error of results

// --------------------------------------------------------
wire s;
wire signed [12:0] x; // Auxiliary vectors
wire signed [12:0] dif;

// --------------------------------------------------------
assign s = x_in[WIDTH -1]; // sign magnitude not 2C!
assign x = {1’b0,x_in[WIDTH-2:0]};
assign dif = dec - x_in; // Difference
assign err = (dif>0)? dif : -dif; // Absolute error

// --------------------------------------------------------
always @*
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begin : Encode // Mini floating-point format encoder
if ((x>=0) && (x<=63))

enc <= {s,2’b00,x[5:1]}; // segment 1
else if ((x>=64) && (x<=127))

enc <= {s,3’b010,x[5:2]}; // segment 2
else if ((x>=128) && (x<=255))

enc <= {s,3’b011,x[6:3]}; // segment 3
else if ((x>=256) && (x<=511))

enc <= {s,3’b100,x[7:4]}; // segment 4
else if ((x>=512) && (x<=1023))

enc <= {s,3’b101,x[8:5]}; // segment 5
else if ((x>=1024) && (x<=2047))

enc <= {s,3’b110,x[9:6]}; // segment 6
else if ((x>=2048) && (x<=4095))

enc <= {s,3’b111,x[10:7]}; // segment 7
else enc <= {s,7’b0000000}; // + or - 0

end
// --------------------------------------------------------
always @*
begin : Decode // Mini floating point format decoder

case (enc[6:4])
3’b000 : dec <= {s,6’b000000,enc[4:0],1’b1};
3’b010 : dec <= {s,6’b000001,enc[3:0],2’b10};
3’b011 : dec <= {s,5’b00001,enc[3:0],3’b100};
3’b100 : dec <= {s,4’b0001,enc[3:0],4’b1000};
3’b101 : dec <= {s,3’b001,enc[3:0],5’b10000};
3’b110 : dec <= {s,2’b01,enc[3:0],6’b100000};
default : dec <= {s,1’b1,enc[3:0],7’b1000000};

endcase
end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: adpcm.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
module adpcm //----> Interface
(input clk, // System clock
input reset, // Asynchron reset
input signed [15:0] x_in, // Input to encoder
output [3:0] y_out, // 4 bit ADPCM coding word
output signed [15:0] p_out, // Predictor/decoder output
output reg p_underflow, p_overflow, // Predictor flags
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output signed [7:0] i_out, // Index to table
output reg i_underflow, i_overflow, // Index flags
output signed [15:0] err, // Error of system
output [14:0] sz_out, // Step size
output s_out); // Sign bit

// --------------------------------------------------------
reg signed [15:0] va, va_d; // Current signed adpcm input
reg sign ; // Current adpcm sign bit
reg [3:0] sdelta; // Current signed adpcm output
reg [14:0] step; // Stepsize
reg signed [15:0] sstep; // Stepsize including sign
reg signed [15:0] valpred; // Predicted output value
reg signed [7:0] index; // Current step change index

reg signed [16:0] diff0, diff1, diff2, diff3;
// Difference val - valprev

reg signed [16:0] p1, p2, p3; // Next valpred
reg signed [7:0] i1, i2, i3; // Next index
reg [3:0] delta2, delta3, delta4;

// Current absolute adpcm output
reg [14:0] tStep;
reg signed [15:0] vpdiff2, vpdiff3, vpdiff4 ;

// Current change to valpred

// Quantization lookup table has 89 entries
wire [14:0] t [0:88];

// ADPCM step variation table
wire signed [4:0] indexTable [0:15];

assign indexTable[0]=-1; assign indexTable[1]=-1;
assign indexTable[2]=-1; assign indexTable[3]=-1;
assign indexTable[4]=2; assign indexTable[5]=4;
assign indexTable[6]=6; assign indexTable[7]=8;
assign indexTable[8]=-1; assign indexTable[9]=-1;
assign indexTable[10]=-1; assign indexTable[11]=-1;
assign indexTable[12]=2; assign indexTable[13]=4;
assign indexTable[14]=6; assign indexTable[15]=8;
// --------------------------------------------------------
assign t[0]=7; assign t[1]=8; assign t[2]=9;
assign t[3]=10; assign t[4]=11; assign t[5]=12;
assign t[6]= 13; assign t[7]= 14; assign t[8]= 16;
assign t[9]= 17; assign t[10]= 19; assign t[11]= 21;
assign t[12]= 23; assign t[13]= 25; assign t[14]= 28;
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assign t[15]= 31; assign t[16]= 34; assign t[17]= 37;
assign t[18]= 41; assign t[19]= 45; assign t[20]= 50;
assign t[21]= 55; assign t[22]= 60; assign t[23]= 66;
assign t[24]= 73; assign t[25]= 80; assign t[26]= 88;
assign t[27]= 97; assign t[28]= 107; assign t[29]= 118;
assign t[30]= 130; assign t[31]= 143; assign t[32]= 157;
assign t[33]= 173; assign t[34]= 190; assign t[35]= 209;
assign t[36]= 230; assign t[37]= 253; assign t[38]= 279;
assign t[39]= 307; assign t[40]= 337; assign t[41]= 371;
assign t[42]= 408; assign t[43]= 449; assign t[44]= 494;
assign t[45]= 544; assign t[46]= 598; assign t[47]= 658;
assign t[48]= 724; assign t[49]= 796; assign t[50]= 876;
assign t[51]= 963; assign t[52]= 1060;assign t[53]= 1166;
assign t[54]= 1282; assign t[55]= 1411;assign t[56]=1552;
assign t[57]= 1707; assign t[58]= 1878;assign t[59]=2066;
assign t[60]= 2272; assign t[61]= 2499;assign t[62]=2749;
assign t[63]= 3024; assign t[64]= 3327;assign t[65]=3660;
assign t[66]= 4026; assign t[67]= 4428;assign t[68]=4871;
assign t[69]= 5358; assign t[70]= 5894;assign t[71]=6484;
assign t[72]= 7132; assign t[73]= 7845;assign t[74]=8630;
assign t[75]=9493; assign t[76]=10442;assign t[77]=11487;
assign t[78]= 12635; assign t[79]= 13899;
assign t[80]= 15289; assign t[81]= 16818;
assign t[82]= 18500; assign t[83]= 20350;
assign t[84]= 22385; assign t[85]= 24623;
assign t[86]= 27086; assign t[87]= 29794;
assign t[88]= 32767;

// --------------------------------------------------------
always @(posedge clk or posedge reset)
begin : Encode

if (reset) begin // Asynchronous clear
va <= 0; va_d <= 0;

step <= 0; index <= 0;
valpred <= 0;

end else begin // Store in register
va_d <= va; // Delay signal for error comparison
va <= x_in;
step <= t[i3];
index <= i3;
valpred <= p3; // Store predicted in register

end
end

always @(va, va_d,step,index,valpred) begin
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// ------ State 1: Compute difference from predicted sample
diff0 = va - valpred;
if (diff0 < 0) begin

sign = 1; // Set sign bit if negative
diff1 = -diff0;// Use absolute value for quantization

end else begin
sign = 0;
diff1 = diff0;

end
// State 2: Quantize by devision and
// State 3: compute inverse quantization
// Compute: delta=floor(diff(k)*4./step(k)); and
// vpdiff(k)=floor((delta(k)+.5).*step(k)/4);

if (diff1 >= step) begin // bit 2
delta2 = 4;
diff2 = diff1 - step;
vpdiff2 = step/8 + step;

end else begin
delta2 = 0;
diff2 = diff1;
vpdiff2 = step/8;

end
if (diff2 >= step/2) begin //// bit3

delta3 = delta2 + 2 ;
diff3 = diff2 - step/2;
vpdiff3 = vpdiff2 + step/2;

end else begin
delta3 = delta2;
diff3 = diff2;
vpdiff3 = vpdiff2;

end
if (diff3 >= step/4) begin

delta4 = delta3 + 1;
vpdiff4 = vpdiff3 + step/4;

end else begin
delta4 = delta3;
vpdiff4 = vpdiff3;

end
// State 4: Adjust predicted sample based on inverse

if (sign) // quantized
p1 = valpred - vpdiff4;

else
p1 = valpred + vpdiff4;

//------- State 5: Threshold to maximum and minimum -----
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if (p1 > 32767) begin // Check for 16 bit range
p2 = 32767; p_overflow <= 1;//2^15-1 two’s complement

end else begin
p2 = p1; p_overflow <= 0;

end
if (p2 < -32768) begin // -2^15
p3 = -32768; p_underflow <= 1;
end else begin
p3 = p2; p_underflow <= 0;
end

// State 6: Update the stepsize and index for stepsize LUT
i1 = index + indexTable[delta4];
if (i1 < 0) begin // Check index range [0...88]

i2 = 0; i_underflow <= 1;
end else begin

i2 = i1; i_underflow <= 0;
end
if (i2 > 88) begin

i3 = 88; i_overflow <= 1;
end else begin

i3 = i2; i_overflow <= 0;
end
if (sign)

sdelta = delta4 + 8;
else

sdelta = delta4;
end

assign y_out = sdelta; // Monitor some test signals
assign p_out = valpred;
assign i_out = index;
assign sz_out = step;
assign s_out = sign;
assign err = va_d - valpred;

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: reg_file.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// Desciption: This is a W x L bit register file.
module reg_file #(parameter W = 7, // Bit width - 1
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N = 15) // Number of registers - 1
(input clk, // System clock
input reset, // Asynchronous reset
input reg_ena, // Write enable active 1
input [W:0] data, // System input
input [3:0] rd, // Address for write
input [3:0] rs, // 1. read address
input [3:0] rt, // 2. read address
output reg [W:0] s, // 1. data
output reg [W:0] t); // 2. data

// --------------------------------------------------------
reg [W:0] r [0:N];

always @(posedge clk or posedge reset)
begin : MUX // Input mux inferring registers

integer k; // loop variable
if (reset) // Asynchronous clear

for (k=0; k<=N; k=k+1) r[k] <= 0;
else if ((reg_ena == 1) && (rd > 0))

r[rd] <= data;
end

// 2 output demux without registers
always @*
begin : DEMUX

if (rs > 0) // First source
s = r[rs];

else
s = 0;

if (rt > 0) // Second source
t = r[rt];

else
t = 0;

end

endmodule

//*********************************************************
// IEEE STD 1364-2001 Verilog file: trisc0.v
// Author-EMAIL: Uwe.Meyer-Baese@ieee.org
//*********************************************************
// Title: T-RISC stack machine
// Description: This is the top control path/FSM of the
// T-RISC, with a single 3 phase clock cycle design
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// It has a stack machine/0-address type instruction word
// The stack has only 4 words.
// --------------------------------------------------------
module trisc0 #(parameter WA = 7, // Address bit width -1

WD = 7) // Data bit width -1
(input clk, // System clock
input reset, // Asynchronous reset
output jc_out, // Jump condition flag
output me_ena, // Memory enable
input [WD:0] iport, // Input port
output reg [WD:0] oport, // Output port
output signed [WD:0] s0_out, // Stack register 0
output signed [WD:0] s1_out, // Stack register 1
output [WD:0] dmd_in, // Data memory data read
output [WD:0] dmd_out, // Data memory data read
output [WD:0] pc_out, // Progamm counter
output [WD:0] dma_out, // Data memory address write
output [WD:0] dma_in, // Data memory address read
output [7:0] ir_imm, // Immidiate value
output [3:0] op_code); // Operation code

// --------------------------------------------------------
//parameter ifetch=0, load=1, store=2, incpc=3;
reg [1:0] state;

wire [3:0] op;
wire [WD:0] imm, dmd;
reg signed [WD:0] s0, s1, s2, s3;
reg [WA:0] pc;
wire [WA:0] dma;
wire [11:0] pmd, ir;
wire eq, ne, not_clk;
reg mem_ena, jc;

// OP Code of instructions:
parameter
add = 0, neg = 1, sub = 2, opand = 3, opor = 4,
inv = 5, mul = 6, pop = 7, pushi = 8, push = 9,
scan = 10, print = 11, cne = 12, ceq = 13, cjp = 14,
jmp = 15;

always @(*) // sequential FSM of processor
// Check store in register ?

case (op) // always store except Branch
pop : mem_ena <= 1;
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default : mem_ena <= 0;
endcase

always @(negedge clk or posedge reset)
if (reset == 1) // update the program counter

pc <= 0;
else begin // use falling edge

if (((op==cjp) & (jc==0)) | (op==jmp))
pc <= imm;

else
pc <= pc + 1;

end

always @(posedge clk or posedge reset)
if (reset) // compute jump flag and store in FF

jc <= 0;
else

jc <= ((op == ceq) & (s0 == s1)) |
((op == cne) & (s0 != s1));

// Mapping of the instruction, i.e., decode instruction
assign op = ir[11:8]; // Operation code
assign dma = ir[7:0]; // Data memory address
assign imm = ir[7:0]; // Immidiate operand

prog_rom brom
( .clk(clk), .reset(reset), .address(pc), .q(pmd));
assign ir = pmd;

assign not_clk = ~clk;

data_ram bram
( .clk(not_clk),.address(dma), .q(dmd),

.data(s0), .we(mem_ena));

always @(posedge clk or posedge reset)
begin : P3

integer temp;
if (reset) begin // Asynchronous clear

s0 <= 0; s1 <= 0; s2 <= 0; s3 <= 0;
oport <= 0;

end else begin
case (op)

add : s0 <= s0 + s1;
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neg : s0 <= -s0;
sub : s0 <= s1 - s0;
opand : s0 <= s0 & s1;
opor : s0 <= s0 | s1;
inv : s0 <= ~ s0;
mul : begin temp = s0 * s1; // double width

s0 <= temp[WD:0]; end // product
pop : s0 <= s1;
push : s0 <= dmd;
pushi : s0 <= imm;
scan : s0 <= iport;
print : begin oport <= s0; s0<=s1; end
default: s0 <= 0;

endcase
case (op) // Specify the stack operations

pushi, push, scan : begin s3<=s2;
s2<=s1; s1<=s0; end // Push type

cjp, jmp, inv | neg : ; // Do nothing for branch
default : begin s1<=s2; s2<=s3; s3<=0; end

// Pop all others
endcase

end
end

// Extra test pins:
assign dmd_out = dmd; assign dma_out = dma; //Data memory
assign dma_in = dma; assign dmd_in = s0;
assign pc_out = pc; assign ir_imm = imm;
assign op_code = op; // Program control
// Control signals:
assign jc_out = jc; assign me_ena = mem_ena;
// Two top stack elements:
assign s0_out = s0; assign s1_out = s1;

endmodule



Appendix B. Design Examples Synthesis
Results

The synthesis results for all examples can be easily reproduced for the Quar-
tus version installed on your computer by using the script qvhdl.tcl for
VHDL or qv.tcl for Verilog available in the source code directories of the
CD-ROM. Run the VHDL TCL script with

quartus_sh -t qvhdl.tcl

to compile all designs. The next step is to run the resource and timing
analysis with

quartus_sta -t fmax4all.tcl

The script produces four parameters for each design. For the trisc0.vhd,
for instance, we get the following:

....
-----------------------------------------------------
trisc0 (Clock clk) : Fmax = 92.66 (Restricted Fmax = 92.66)
trisc0 LEs: 171 / 114,480 ( < 1 % )
trisc0 M9K bits: 256 / 3,981,312 ( < 1 % )
trisc0 9-bit DSP blocks: 1 / 532 ( < 1 % )
-----------------------------------------------------
....

then use a utility like grep through the report qvhdl.txt file using Fmax,
LEs: etc.

From the script you will notice that the following special options of Quar-
tus II web edition 12.1 were used:

• Device set Family to Cyclone IV E and then under Available devices
select EP4CE115F29C7.

• For Timing Analysis Settings set Default required fmax: to 1 ns.
• For Analysis & Synthesis Settings from the Assignments menu

– set Optimization Technique to Speed
– Deselect Power-Up Don’t Care

• In the Fitter Settings select as Fitter effort Standard Fit
(highest effort)

U. Meyer-Baese, Digital Signal Processing with Field Programmable Gate Arrays,
Signals and Communication Technology, DOI: 10.1007/978-3-642-45309-0,
� Springer-Verlag Berlin Heidelberg 2014
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The table below displays the results for all VHDL and Verilog exam-
ples given in this book. The table is structured as follows. The first column
shows the entity or module name of the design. Columns 2 to 6 are data for
the VHDL designs: the number of LEs shown in the report file; the number
of 9 × 9-bit multipliers; the number of M9K memory blocks; the registered
performance Fmax using the TimeQuest slow 85C model; and the page with
the source code. The same data are provided for the Verilog design examples,
shown in columns 7 to 9. Note that VHDL and Verilog produce the same data
for a number of 9 × 9-bit multipliers most of the time, except for the four
designs ica (Verilog 184 multiplier), pca (Verilog 138 multiplier), iir5para
(Verilog 58 multiplier), and iir5lwdf (Verilog 18 multiplier). LEs and regis-
tered performance never match. The number of M9K memory blocks do not
match for the three designs fft256, fun_text, and trisc0. In Verilog the
ROM LUTs are synthesized to M9K blocks, while in VHDL LEs are used.
An fpu design is not available in Verilog. A few designs don’t use registers
and a registered performance cannot be measured.
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VHDL Verilog
Design LEs 9 × 9 M9Ks fMAX Page LEs fMAX Page

Mult. MHz MHz
vhd/v vhd/v

add1p 125 0 0 350.63 83 77 336.25 797
add2p 233 0 0 243.43 83 143 318.17 798
add3p 372 0 0 231.43 83 228 278.47 799
adpcm 531 0 0 49.5 618 510 56.0 870
ammod 264 0 0 197.39 512 222 298.78 859
arctan 106 3 0 32.71 145 105 33.05 806
cic3r32 341 0 0 282.49 321 339 280.11 831
cic3s32 209 0 0 290.02 330 206 294.2 833
cmoms 549 3 0 95.27 369 421 102.81 841
cmul7p8 48 0 0 - 63 48 − 797
cordic 276 0 0 209.6 137 172 317.97 804
dapara 39 0 0 205.17 212 39 205.17 819
dasign 52 0 0 258.4 204 39 331.56 817
db4latti 420 0 0 58.11 390 248 99.02 845
db4poly 167 0 0 618.43 310 156 554.32 829
div_aegp 45 4 0 124.91 103 44 129.28 801
div_res 106 0 0 263.5 96 89 269.25 803
dwtden 879 0 1 120.93 406 889 164.28 847
example 33 0 0 267.24 17 32 457.67 795
farrow 363 3 0 39.82 358 268 58.25 839
fft256 34,340 8 0/2 31.12 442 33,926 31.16 854
fir4dlms 106 4 0 261.57 568 105 260.62 862
fir_gen 93 4 0 157.38 182 93 153.66 813
fir_lms 51 4 0 69.26 561 51 70.2 861
fir_srg 109 0 0 88.35 193 79 99.81 814
fpu 8112 7 0 - 120 − − −
fun_text 180 0 0/1 250.63 33 32 306.65 796
g711alaw 70 0 0 − 358 97 − 869
ica 2275 172/184 0 17.87 605 2091 17.84 866
iir 62 0 0 147.3 227 30 224.82 820
iir5lwdf 764 12/18 0 55.97 296 611 52.46 828
iir5para 624 51/58 0 87.69 267 513 86.72 825
iir5sfix 2474 128 0 46.99 255 2474 47.08 824
iir_par 236 0 0 479.39 247 185 430.29 822
iir_pipe 123 0 0 215.05 241 75 350.14 821
lfsr 6 0 0 944.29 495 6 944.29 858
lfsr6s3 6 0 0 931.97 497 6 931.97 858
ln 88 10 0 29.2 156 88 29.2 807
magnitude 96 0 0 119.59 167 145 107.34 812
pca 2447 180/138 0 18.46 596 1609 23.82 864
rader7 428 0 0 138.45 429 403 151.56 851
rc_sinc 880 0 0 59.53 350 847 78.52 835
reg_file 226 0 0 - 653 226 − 874
sqrt 261 2 0 86.23 161 244 112.1 809
trisc0 171 1 1/2 92.66 701 140 85.59 875



Appendix C. VHDL and Verilog Coding
Keywords

Unfortunately, today we find two HDL languages are popular. The US west
coast and Asia prefer Verilog, while the US east coast and Europe more fre-
quently use VHDL. For digital signal processing with FPGAs, both languages
seem to be well suited, but some VHDL examples were in the past a little
easier to read because of the supported signed arithmetic and multiply/divide
operations in the IEEE VHDL 1076-1987 and 1076-1993 standards. This gap
has disappeared with the introduction of the Verilog IEEE standard 1364-
2001, as it also includes signed arithmetic. Other constraints may include
personal preferences, EDA library and tool availability, data types, readabil-
ity, capability, and language extensions using PLIs, as well as commercial,
business and marketing issues, to name just a few. A detailed comparison
can be found in the book by Smith [3]. Tool providers acknowledge today
that both languages need to be supported.

It is therefore a good idea to use an HDL code style that can easily be
translated into either language. An important rule is to avoid any keyword
in both languages in the HDL code when naming variables, labels, constants,
user types, etc. The IEEE standard VHDL 1076-1993 uses 97 keywords (see
VHDL 1076-1993 Language Reference Manual (LRM) on p. 179) and an extra
18 keywords are used in VHDL 1076-2008 (see VHDL 1076-2008 Language
Reference Manual (LRM) on p. 236). New in VHDL 1076-2008 are:

ASSUME, ASSUME_GUARANTEE, CONTEXT, COVER, DEFAULT, FAIRNESS,
FORCE, PARAMETER, PROPERTY, PROTECTED, RELEASE, RESTRICT,
RESTRICT_GUARANTEE, SEQUENCE, STRONG, VMODE, VPROP, VUNIT

which are in version Quartus 12.1 not highlighted in blue in the editor but
may be recognized in later Quartus versions. The IEEE standard Verilog
1364-1995, on the other hand, has 102 keywords (see LRM, p. 604). New in
Verilog 1076-2001 are:

automatic, cell, config, design, endconfig, endgenerate,
generate, genvar, incdir, include, instance, liblist,
library, localparam, noshowcancelled, pulsestyle_onevent,
pulsestyle_ondetect, showcancelled, signed, unsigned, use

Together, both HDL languages (Verilog 1364-2001 and VHDL 1076-2008)
have 215 keywords, including 23 in common. The Table below shows VHDL

U. Meyer-Baese, Digital Signal Processing with Field Programmable Gate Arrays,
Signals and Communication Technology, DOI: 10.1007/978-3-642-45309-0,
� Springer-Verlag Berlin Heidelberg 2014
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1076-2008 keywords in capital letters, Verilog 1364-2001 keywords in small
letters, and the common keywords with a capital first letter.

Table Appendix C.̇1. VHDL 1076-1993 and Verilog 1364-2001 keywords

ABS ACCESS AFTER ALIAS ALL always And ARCHITECTURE ARRAY ASSERT
assign ASSUME ASSUME GUARANTEE ATTRIBUTE automatic Begin BLOCK
BODY buf BUFFER bufif0 bufif1 BUS Case casex casez cell cmos
config COMPONENT CONFIGURATION CONSTANT CONTEXT COVER deassign
Default defparam design disable DISCONNECT DOWNTO edge Else
ELSIF End endcase endconfig endfunction endgenerate endmodule
endprimitive endspecify endtable endtask ENTITY event EXIT
FAIRNESS FILE For Force forever fork Function Generate GENERIC
genvar GROUP GUARDED highz0 highz1 If ifnone IMPURE IN incdir
include INERTIAL initial Inout input instance integer IS join
LABEL large liblist Library LINKAGE LITERAL LOOP localparam
macromodule MAP medium MOD module Nand negedge NEW NEXT nmos Nor
noshowcancelled Not notif0 notif1 NULL OF ON OPEN Or OTHERS OUT
output PACKAGE Parameter pmos PORT posedge POSTPONED primitive
PROCEDURE PROCESS PROPERTY PROTECTED pull0 pull1 pulldown pullup
pulsestyle onevent pulsestyle ondetect PURE RANGE rcmos real
realtime RECORD reg REGISTER REJECT Release REM repeat REPORT
RESTRICT RESTRICT GUARANTEE RETURN rnmos ROL ROR rpmos rtran
rtranif0 rtranif1 scalared SELECT SEQUENCE SEVERITY SHARED
showcancelled SIGNAL signed OF SLA SLL small specify specparam
SRA SRL STRONG strong0 strong1 SUBTYPE supply0 supply1 table task
THEN time TO tran tranif0 tranif1 TRANSPORT tri tri0 tri1 triand
trior trireg TYPE UNAFFECTED UNITS unsigned UNTIL Use VARIABLE
VMODE VPROP VUNIT vectored Wait wand weak0 weak1 WHEN While wire
WITH wor Xnor Xor



Appendix D. CD-ROM Content

The accompanying CD-ROM includes:

• All VHDL/Verilog design examples and scripts to compile
• Utility programs and files

To install the Quartus II 12.1 web edition software first go to Altera’s web-
page www.altera.com and click on Design Tools & Services and select
Design Software. Select the web edition unless you have a full subscription.
Download the software including the free ModelSim-Altera package.

Altera frequently update the Quartus II software to support new devices
and other improvements and you may consider downloading the latest Quar-
tus II version from the Altera webpage directly, but keep in mind that the
files are large and that the synthesis results will differ slightly for another
version than 12.1 used for the book.

The design examples for the book are located in the directories vhdl and
verilog for the VHDL and Verilog examples, respectively. These directories
contain, for each example, the following files:

• The VHDL or Verilog source code (*.vhd and *.v)
• The Quartus project files (*.qpf)
• The Quartus setting files (*.qsf)
• The ModelSim simulator stimuli script (*.do)
• The files for timing simulation (*.vho and *.vo)

To simplify the compilation and postprocessing, the source code directo-
ries include the additional (*.bat) files and Tcl scripts shown below:

U. Meyer-Baese, Digital Signal Processing with Field Programmable Gate Arrays,
Signals and Communication Technology, DOI: 10.1007/978-3-642-45309-0,
� Springer-Verlag Berlin Heidelberg 2014
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File Comment

qvhdl.tcl or
qv.tcl

Tcl script to compile all design examples. Note that
the device can be changed from Cyclone IV to Flex,
Apex or Stratix just by changing the comment sign
# in column 1 of the script.

fmax4all.bat
Script to compute the used resources and the maxi-
mum performance of the designs.

qclean.bat
Cleans all temporary Quartus II compiler files, but
not the report files (*.map.rpt), and the project files
*.qpf and *.qsf.

qveryclean.bat
Cleans all temporary compiler files, including all re-
port files (*.rpt) and project files.

Use the DOS prompt and type

quartus_sh -t qvhdl.tcl

to compile all design examples and then

quartus_sta -t fmax4all.tcl

to determine the performance and resources. Then run the qclean.bat to
remove the unnecessary files. The Tcl script language developed by the Berke-
ley Professor John Ousterhout [442–444] (used by most modern CAD tools:
Altera Quartus, Xilinx ISE, ModelTech, etc.) allows a comfortable scripting
language to define setting, specify functions, etc. Given the fact that many
tools also use the graphic toolbox Tcl/Tk we have witnessed that many tools
now also look almost the same.

The script includes all settings and also alternative device definitions.
The script produces four parameters for each design. For the trisc0.vhd,
for instance, we get:

....
-----------------------------------------------------
trisc0 (Clock clk) : Fmax = 92.66 (Restricted Fmax = 92.66)
trisc0 LEs: 171 / 114,480 ( < 1 % )
trisc0 M9K bits: 256 / 3,981,312 ( < 1 % )
trisc0 9-bit DSP blocks: 1 / 532 ( < 1 % )
-----------------------------------------------------
....

The results for all examples are summarized in Appendix B Table p. 881.
Other devices are specified in the script and include:

• EPF10K20RC240-4 from the UP1 University board
• EPF10K70RC240-4 from the UP2 University board
• EP20K200EFC484-2X from the Nios development board
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• EP2C35F672C6 from the DE2 University board
• EP4SGX230 from the DE4 University board
• EP1S10F484C5, EP1S25F780C5, and EP2S60F1020C4ES from other DSP

boards available from Altera

For the simulation stimuli *.do files are provided for the ModelSim simula-
tor that are almost identical for the VHDL and Verilog projects. A simulation
file example is shown in Chap. 1, p. 38. Both use a tb_ini.do initialization
file that compiles the source code and provides an add_local function that
allows one to add additional signals in the functional simulation that may not
be available in timing simulation. For the fun_text project, for instance, we
use do fun text.do 0 for RTL and do fun text.do 1 for timing simulation
in the ModelSim simulator transcript window. Timing simulation requires a
full compilation first and the output files *.vo or *.vho must be placed in
the source code directory.

Utility Programs and Files

A couple of extra utility programs are also included on the CD-ROM1 and
can be found in the directory util:

File Description

sine.exe
Program to generate the VHDL and Verilog sine for
the function generator in Chap. 1

csd.exe
Program to find the canonical signed digit represen-
tation of integers or fractions as used in Chap. 2

fp_ops.exe
Program to compute the floating-point test data used
in Chap. 2

dagen.exe
Program to generate the VHDL code for the dis-
tributed arithmetic files used in Chap. 3

ragopt.exe

Program to compute the reduced adder graph for
constant-coefficient filters as used in Chap. 3. It has
ten predefined lowpass and half-band filters. The
program uses a MAG cost table stored in the file
mag14.dat

cic.exe
Program to compute the parameters for a CIC filter
as used in Chap. 5

The programs are compiled using the author’s MS Visual C++ standard
edition software (available for $50–100 at all major retailers) for DOS window
1 You need to copy the programs to your hard-drive or memory stick first; you

cannot start them from the CD directly since the programs write out the results
in text files.



888 CD-ROM Content

applications and should therefore run on Windows 95 or higher. The DOS
script Testall.bat produces the examples used in the book.

Also under util we find the following utility files:

File Description

quickver.pdf Quick reference card for Verilog HDL from QUALIS
quickvhd.pdf Quick reference card for VHDL from QUALIS

quicklog.pdf
Quick reference card for the IEEE 1164 logic package
from QUALIS

93vhdl.vhd The IEEE VHDL 1076-1993 keywords
2008vhdl.vhd The IEEE VHDL 1076-2008 keywords

95key.v The IEEE Verilog 1364-1995 keywords
01key.v The IEEE Verilog 1364-2001 keywords
95direct.v The IEEE Verilog 1364-1995 compiler directives

95tasks.v The IEEE Verilog 1364-1995 system tasks and func-
tions

In addition, the CD-ROM includes a collection of useful Internet links
(see file dsp4fpga.htm under util), such as device vendors, software tools,
VHDL and Verilog resources, and links to online available HDL introductions,
e.g., the “Verilog Handbook” by Dr. D. Hyde and “The VHDL Handbook
Cookbook” by Dr. P. Ashenden.

(L)WDF Filter Toolbox

The (L)WDF toolbox written by Lincklaen Arriens can be found in the lwdf
folder. There are also two PDF manuals that help you get started:

• WDF_toolbox_UG_v1_0.pdf is the (L)WDF Toolbox MatLab Users Guide
that includes tutorial to design the (L)WDF filters

• WDF_toolbox_RG_v1_0.pdf is the (L)WDF Toolbox MatLab reference
guide that includes a description of the available functions

These files are used in Chap. 4 to design WDF and LWDF narrow band
IIR filters.

Compressed Sound Data

Under sound we find the following speech data files used in Chap. 8:



CD-ROM Content 889

File Description

Speech_PCM16bit.wav
Original speech data in 16-bit precision
(no compression)

Speech_PCM8bit.wav
Original speech data in 8-bit precision
(no compression)

Speech_PCM4bit.wav
Original speech data in 4-bit precision
(no compression)

Speech_A_LAW8bit.wav
Compressed speech data using 8 bits
per sample A-law compression

Speech_PCM4Lloyd.wav
Compressed speech data using 4 bits
per sample Lloyd optimal quantizer

Speech_ADPCM4bit.wav
Compressed speech data using 4 bits
per sample ADPCM method

Microprocessor Project Files and Programs

All microprocessor-related tools and documents can be found in the uP folder.
Six software Flex/Bison projects along with their compiler scripts are in-
cluded:

• build1.bat and simple.l are used for a simple Flex example.
• build2.bat, d_ff.vhd, and vhdlcheck.l are a basic VHDL lexical anal-

ysis.
• build3.bat, asm2mif.l, and add2.txt are used for a simple Flex example.
• build4.bat, add2.y, and add2.txt are used for a simple Bison example.
• build5.bat, calc.l, calc.y, and calc.txt are infix calculators and are

used to demonstrate the Bison/Flex communication.
• build6.bat, c2asm.h, c2asm.h, c2asm.c, lc2asm.c, yc2asm.c, and
factorial.c are used for a C-to-assembler compiler for a stack computer.

The *.txt files are used as input files for the programs. The buildx.bat
can be used to compile each project separately; alternatively you can use
the uPrunall.bat under Unix to compile and run all files in one step. The
compiled files that run under SunOS UNIX end with *.exe while the DOS
programs end with *.com.

Here is a short description of the other supporting files in the uP directory:
Bison.pdf contains the Bison compiler, i.e., the YACC-compatible parser
generator, written by Charles Donnelly and Richard Stallman; Flex.pdf is
the description of the fast scanner generator written by Vern Paxson.
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VGA Project Files

To get started with the VGA project, connect the DE2 board to your PC
via USB cable, add a power supply for the board and the VGA cable to
a VGA monitor. After you turn on the power you should see the test pic-
ture of the DE2 board on the VGA monitor. This is the startup configura-
tion that is factory programmed in the DE2’s E2ROM. Now copy the whole
directory DE2_115_ImageVGA from the CD to your PC, memory stick, or
network drive, and you are ready to start the Quartus software and load
the project or double click DE2_115_ImageVGA.qpf. You can download the
project DE2_115_ImageVGA.sof to the board to become familiar with the
project and the switches. Observe the VGA display, LCD and the eight seven
segment displays. Try to change the MSB and the LSB of the slider switches
and observe the changes in the VGA display.

If you want to modify the project here is a brief description of the major
files of the projects:

• DE2_115_ImageVGA.v is the top level design file that includes the edge
detection filter, instantiation of the image memory, and connections to the
I/O pins. Since the project does not use the Nios II processor no Qsys file
is required. All design files including the driver for the I/O are already
included in the source code directory.

• VGA_wave.do is the script to run the ModelSim simulation. Remember that
we use the timing simulation since the loading of the large MIF file in func-
tional simulation has excessive memory requirements. Make a full compile
first before you start the simulation. Start ModelSim and then run the script
with do VGA wave.do 1. The parameter “1” means timing simulation.

• If you like to test other images you need to do two things. First you need to
convert your 640× 480 BMP image using the MatLab script bm2txt.m or
the factory provided PrintNum.exe to an MIF file. You can find these files
in the VGA_DATA directory of the project. There are also several other test
picture you can try. For the second step, in Quartus start the MegaWizard,
load/edit the megafunction file img_data.v and browse to the new MIF
file. Then recompile the whole project and download the SOF file to the
board.

• qclean.bat cleans the temporary files, but not the SOF file. In addition
you should delete the db directory before moving the project to another
location.

After you make any changes to the project make sure to recompile the
whole project before downloading the SOF file to the board. This project has
no Qsys files and a Nios II system generation is therefore unnecessary.
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Image Processing Project Files

To get started with the median filter Nios II software project, connect the
DE2 to your PC via USB cable, add a power supply for the board and the
VGA cable to a VGA monitor. After you turn on the power you should see
the test picture of the DE2 board on the VGA monitor. This is the startup
configuration that is factory programmed in the DE2’s E2ROM. Now copy
the whole directory DE2_115_ImageProcessing from the CD to your PC,
memory stick, or network drive, and you are ready to start the Quartus soft-
ware and load the project or double click DE2_115_ImageProcessing.qpf.
You should then download the project DE2_115_ImageProcessing.sof to
the board. The VGA display will show random black-and-white pixels. Next
start the Nios II Software Build Tools for Eclipse. You may try to
import the whole software project from the software/median folder; however
we found that most often pathes or files could not be found in the right loca-
tion. It is usually more successful if you start with a “Hello World” project
and then copy the required files in this hello world project. Therefore, we
recommend that within Eclipse you generate a “Hello World” project. If you
run it as Nios hardware it will give out in the terminal window the message
“Hello from Nios II!” After you have successfully run this program replace the
hello_world.c file with the median.c file and copy the file Qpicture.mif
into the same directory in which you have the hello world project files. You
find the required new source files in the c-source subdirectory. Now you need
to enable the host file system support. Right click median_bsp in Project
Explorer and Start then Nios II→ BSP Editor .... In BSP Editor select
Software Packages and Enable altera_hostfs. Finally click the Generate
button. Then right click the project in the Project Explore window and
select Debug As→ Nios II Hardware. Then the project will be downloaded
to the board and the debug window opens. Then press the Run button or
F8. The image is transferred to the board, noise is added, and horizontal and
vertical filters are applied. The LEDs indicate the status of the steps. The
slider switches (SWs) are used as follows: SW7..SW0 is used as threshold
value, SW17 as on/off to save the file with the current image to a text file
on the host system, and SW16-SW14 are used to specify the median filter
length. The minimum length is 3. The edge detection run in a forever loop so
that you can try different thresholds and filter lengths without the need to
transfer the image again. Since the image transfer goes over the JTAG cable
the time taken is substantial.

If you want to modify the project here is a brief description of the major
files of the projects:

• If you like to test other images you need to convert your 320 × 240
BMP image using the MatLab script bm2txt.m or the factory provided
PrintNum.exe to an MIF file. You find these files in the c-source subdi-
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rectory. You do not need to recompile the Quartus design if you just change
the image; you can use the SOF file provided.

• median.c is the program that includes all median filtering, adding of S&P
noise, and file I/O. SW and LEDs are used too. Make sure the correct base
address is used if you make changes to the hardware files. You do not need
to recompile the Quartus design if you only change the software and you
can use the SOF file provided.

• DE2_115_ImageProcessing.qpf is the top level project file that includes
the Qsys Nios system as well as all connections to the I/O pins. Making
modification to the Qsys design should only be done by an experienced
Qsys user. As a minimum you should have completed the Qsys tutorial:
“Introduction to the Altera Qsys System Integration Tool” from the Uni-
versity Program tutorials. You also need to download and install the Uni-
versity program IP cores that come with the free “University Program
Installer.” The IP version must match the Quartus version you are us-
ing. After successful installation the IP blocks should appear in the Qsys
component library as shown in Fig. 10.19, p. 778 on the left. Only after
successful installation of the IP blocks will you be able to make modifi-
cations to the Qsys file. If you want to use another board make sure you
include the correct pin file and make the required correction to the top
level VHDL file DE2 115 ImageProcessing.vhd.

After you make any changes to the Qsys project make sure to generate
the new Nios II system and recompile the whole project before downloading
the SOF file to the board.

Custom Instruction Computer Project Files

The custom instruction computer project supports the CI for the bit swap
operation found in Chap. 9 and the CI to improve the motion estimation
in Chap. 10. The Quartus design is based on the Basic Computer system
provided by Altera’s University Program. To get started with the CI project
connect the DE2 to your PC via USB cable and add a power supply for the
board. No VGA cable or VGA monitor is required for this project. Now copy
the whole directory DE2_115_CI_Computer from the CD to your PC, memory
stick, or network drive, and you are ready to start the Quartus software and
load the project or double click DE2_115_CI_Computer.qpf. You should then
download the project DE2_115_CI_Computer.sof to the board. You may
try to import the whole software project from the software/Motion folder;
however we found that most often pathes or files could not be found in the
right location. It is usually more successful if you start with a “Hello World”
project and then copy the required files in this hello world project. Therefore,
we recommend that you within Eclipse generate a “Hello World” source code
project, but name it project Motion. Right click the project and select Run
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As → Nios II Hardware and it will produce in the terminal window the
message “Hello from Nios II!” After you have successfully run this program
replace the hello_world.c file with the project file you want to run. You
can find these files in the c-source subdirectory. If you want to modify the
project here is a brief description of the major files of the project:

• The software programs in the c-source subdirectory are: the my_swap.c
file used in Chap. 9 for the three versions of the bit swap operation; the
madtest.c file that has a brief check of byte access used for the MAD
computation; the motion.c program that generates two test images and
computes the motion vectors and measures the run time. You do not need
to recompile the Quartus II or generate a Qsys system if you change only
the software and you can use the provided SOF file.

• DE2_115_CI_Processor.qpf is the top level project file that includes the
Qsys Nios system as well as all connections to the I/O pins. Making modifi-
cation to the Qsys design should only be done by an experienced Qsys user.
As a minimum you should have completed the Qsys tutorial: “Introduction
to the Altera Qsys System Integration Tool” and “Making Qsys Compo-
nents” from the University Program tutorials. You also need to download
and install the University program IP cores that come with the free “Uni-
versity Program Installer.” The IP version must match the Quartus version
you are using. After successful installation the IP blocks should appear in
the Qsys component library as shown in Fig. 10.19, p. 778 on the left.
Only after successful installation of the IP blocks will you be able to make
modifications to the Qsys file. If you want to use another board make sure
you include the correct pin file and make the required correction to the
top level VHDL file DE2 115 ImageProcessing.vhd. The TCL scripts and
the VHDL source code for the CI files can be found under nios_system
→synthesis→submodules.

After you make any changes to the Qsys project make sure to generate
the new Nios II system and recompile the whole project before downloading
the SOF file to the board.



Appendix E. Glossary

ACC Accumulator
ACT Actel FPGA family
ADC Analog-to-digital converter
ADCL All-digital CL
ADF Adaptive digital filter
ADPCM Adaptive differential pulse code modulation
ADPLL All-digital PLL
ADSP Analog Devices digital signal processor family
AES Advanced encryption standard
AFT Arithmetic Fourier transform
AHDL Altera HDL
AHSM Additive half square multiplier
ALM Adaptive logic module
ALU Arithmetic logic unit
AM Amplitude modulation
AMBA Advanced microprocessor bus architecture
AMD Advanced Micro Devices, Inc.
AMUSE Algorithm for multiple unknown signals extraction
APEX Adaptive principal component extraction
ASCII American Standard Code for Information Interchange
ASIC Application specific IC
AWGN Additive white Gaussian noise

BCD Binary coded decimal
BDD Binary decision diagram
BIT Binary digit
BLMS Block LMS
BMP Bitmap
BP Bandpass
BRAM Block RAM
BRS Base removal scaling
BS Barrelshifter
BSS Blind source separation
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CAD Computer-aided design
CAE Computer-aided engineering
CAM Content addressable memory
CAST Carlisle Adams and Stafford Tavares
CBC Cipher block chaining
CBIC Cell-based IC
CCD Charge-coupled device
CCITT Comité consultatif international téléphonique et

télégraphique
CD Compact disc
CFA Common factor algorithm
CFB Cipher feedback
CHF Swiss franc
CIC Cascaded integrator comb
CIF Common intermediate format
CISC Complex instruction set computer
CL Costas loop
CLB Configurable logic block
C-MOMS Causal MOMS
CMOS Complementary metal oxide semiconductor
CODEC Coder/decoder
CORDIC Coordinate rotation digital computer
COTS Commercial off-the-shelf technology
CPLD Complex PLD
CPU Central processing unit
CQF Conjugate quadrature filter
CRNS Complex RNS
CRT Chinese remainder theorem
CRT Cathode ray tube
CSE Common sub-expression
CSOC Canonical self-orthogonal code
CSD Canonical signed digit
CWT Continuous wavelet transform
CZT Chirp-z transform

DA Distributed arithmetic
DAC Digital-to-analog converter
DAT Digital audio tap
DB Daubechies filter
DC Direct current
DCO Digital controlled oscillator
DCT Discrete cosine transform
DCU Data cache unit
DDRAM Double data rate RAM
DES Data encryption standard
DFT Discrete Fourier transform
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DHT Discrete Hartley transform
DIF Decimation in frequency
DIT Decimation in time
DLMS Delayed LMS
DM Delta modulation
DMA Direct memory access
DMIPS Dhrystone MIPS
DMT Discrete Morlet transform
DOD Department of defence
DPCM Differential PCM
DPLL Digital PLL
DSP Digital signal processing
DST Discrete sine transform
DWT Discrete wavelet transform

EAB Embedded array block
EASI Equivariant adaptive separation via independence
ECB Electronic code book
ECG Electrocardiography
ECL Emitter coupled logic
EDA Electronic design automation
EDIF Electronic design interchange format
EFF Electronic Frontier Foundation
EOB End of block
EPF Altera FPGA family
EPROM Electrically programmable ROM
ERA Plessey FPGA family
ERNS Eisenstein RNS
ESA European Space Agency
ESB Embedded system block
EVR Eigenvalue ratio
EXU Execution unit

FAEST Fast a posteriori error sequential technique
FCT Fast Cosine transform
FC2 FPGA compiler II
FF Flip-flop
FFT Fast Fourier transform
FIFO First-in first-out
FIR Finite impulse response
FIT Fused internal timer
FLEX Altera FPGA family
FM Frequency modulation
FNT Fermat NTT
FPGA Field-programmable gate array
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FPL Field-programmable logic (combines CPLD and FPGA)
FPLD FPL device
FPMAC Floating-point MAC
FPS Frames per second
FSF Frequency sampling filter
FSK Frequency shift keying
FSM Finite state machine

GAL Generic array logic
GF Galois field
GFPMACS Giga FPMAC
GIF Graphic interchange format
GNU GNU’s not Unix
GPP General purpose processor
GPR General purpose register

HB Half-band filter
HDL Hardware description language
HDMI High definition multimedia interface
HDTV High-definition television
HI High frequency
HP Hewlett Packard
HSP Harris Semiconductor DSP ICs
HW Hardware

IBM International Business Machines (corporation)
IC Integrated circuit
ICA Independent component analysis
ICU Instruction cache unit
IDCT Inverse DCT
IDEA International data encryption algorithm
IDFT Inverse discrete Fourier transform
IEC International electrotechnical commission
IEEE Institute of Electrical and Electronics Engineers
IF Inter frequency
IFFT Inverse fast Fourier transform
IIR Infinite impulse response
IMA Interactive multimedia association
I-MOMS Interpolating MOMS
INTT Inverse NTT
IP Intellectual property
I/Q In-/Quadrature phase
ISA Instruction set architecture
ISDN Integrated services digital network
ISO International standardization organization
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ITU International Telecommunication Union

JPEG Joint photographic experts group
JTAG Joint test action group

KCPSM Ken Chapman PSM
KLT Karhunen–Loeve transform

LAB Logic array block
LAN Local area network
LC Logic cell
LCD Liquid-crystal display
LE Logic element
LIFO Last in first out
LISA Language for instruction set architecture
LF Low frequency
LFSR Linear feedback shift register
LMS Least-mean-square
LNS Logarithmic number system
LO Low frequency
LP Low pass
LPC Linear predictive coding
LPM Library of parameterized modules
LRS serial left right shifter
LS Least-square
LSB Least significant bit
LSI Large scale integration
LTI Linear time-invariant
LUT Look-up table
LWDF Lattice WDF
LZW Lempel-Ziv-Welch

MAC Multiplication and accumulate
MACH AMD/Vantis FPGA family
MAG Multiplier adder graph
MAX Altera CPLD family
MIF Memory initialization file
MIPS Microprocessor without interlocked pipeline
MIPS Million instructions per second
MLSE Maximum likelihood sequence estimator
MMU Memory management unit
MMX Multimedia extension
MNT Mersenne NTT
MOMS Maximum order minimum support
μP Microprocessor
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MPEG Moving picture experts group
MPX Multiplexer
MSPS Millions of sample per second
MRC Mixed radix conversion
MSB Most significant bit
MUL Multiplication

NCO Numeric controlled oscillators
NLMS Normalized LMS
NOF Non-output fundamental
NP Nonpolynomial complex problem
NRE Nonreccurring engineering costs
NTSC National television system committee
NTT Number theoretic transform

OFB Open feedback (mode)
O-MOMS Optimal MOMS
OPAST Orthogonal PAST

PAL Phase alternating line
PAM Pulse-amplitude-modulated
PAST Projection approximation subspace tracking
PC Personal computer
PC Principle component
PCA Principle component analysis
PCI Peripheral component interconnect
PCM Pulse-code modulation
PD Phase detector
PDF Probability density function
PDSP Programmable digital signal processor
PFA Prime factor algorithm
PIT Programmable interval timer
PLA Programmable logic array
PLD Programmable logic device
PLL Phase-locked loop
PM Phase modulation
PNG Portable network graphic
PPC Power PC
PREP Programmable Electronic Performance (cooperation)
PRNS Polynomial RNS
PROM Programmable ROM
PSK Phase shift keying
PSM Programmable state machine

QCIF Quarter CIF
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QDFT Quantized DFT
QLI Quick look-in
QFFT Quantized FFT
QMF Quadrature mirror filter
QRNS Quadratic RNS
QSM Quarter square multiplier
QVGA Quarter VGA

RAG Reduced adder graph
RAM Random access memory
RC Resistor/capacity
RF Radio frequency
RGB Red, green and blue
RISC Reduced instruction set computer
RLS Recursive least square
RNS Residue number system
ROM Read only memory
RPFA Rader prime factor algorithm
RS serial right shifter
RSA Rivest, Shamir, and Adelman

SD Signed digit
SDRAM Synchronous dynamic RAM
SECAM Sequential color with memory
SG Stochastic gradient
SIMD Single instruction multiple data
SLMS Signed LMS
SM Signed magnitude
SNR Signal-to-noise ratio
SOBI Second order blind identification
SPEC System performance evaluation cooperation
SPLD Simple PLD
SPT Signed power of two
SR Shift register
SRAM Static random access memory
SSE Streaming SIMD extension
STFT Short term Fourier transform
SVGA Super VGA
SW Software
SXGA Super extended graphics array

TDLMS Transform domain LMS
TLB Translation look-aside buffer
TLU Table look-up
TMS Texas Instruments DSP family
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TI Texas Instruments
TOS Top of stack
TSMC Taiwan semiconductor manufacturing company
TTL Transistor transistor logic
TVP True vector processor

UART Universal asynchronous receiver/transmitter
USB Universal serial bus

VCO Voltage-control oscillator
VGA Video graphics array
VHDL VHSIC hardware description language
VHSIC Very high speed integrated circuit
VLC Variable run-length coding
VLIW Very long instruction word
VLSI Very large integrated ICs

WDF Wave digital filter
WDT Watchdog timer
WFTA Winograd Fourier transform algorithm
WSS Wide sense stationary
WWW World wide web

XC Xilinx FPGA family
XNOR exclusive NOR gate

YACC Yet another compiler-compiler
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151. T. Blu, P. Thévenaz, M. Unser: “High-Quality Causal Interpolation for On-
line Unidimenional Signal Processing,” in Proceedings of the Twelfth European
Signal Processing Conference (EUSIPCO’04) (2004), pp. 1417–1420
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201. U. Meyer-Bäse, S. Wolf, J. Mellott, F. Taylor: “High Performance Implemen-
tation of Convolution on a Multi FPGA Board using NTT’s defined over the
Eisenstein Residuen Number System,” in Aerosense 97 SPIE, Orlando (1997),
pp. 431–442

202. Xilinx: (2000), “High-Performance 256-Point Complex FFT/IFFT,” product
specification

203. Altera: (2012), “FFT MegaCore Function: User Guide,” UG-FFT-12.0
204. Z. Wang: “Fast Algorithms for the Discrete W transfrom and for the discrete

Fourier Transform,” IEEE Transactions on Acoustics, Speech and Signal Pro-
cessing pp. 803–816 (1984)

205. M. Narasimha, A. Peterson: “On the Computation of the Discrete Cosine
Transform,” IEEE Transaction on Communications 26(6), 934–936 (1978)

206. K. Rao, P. Yip: Discrete Cosine Transform (Academic Press, San Diego, CA,
1990)

207. B. Lee: “A New Algorithm to Compute the Discrete Cosine Transform,” IEEE
Transactions on Acoustics, Speech and Signal Processing 32(6), 1243–1245
(1984)

208. S. Ramachandran, S. Srinivasan, R. Chen: “EPLD-Based Architecture of Real
Time 2D-discrete Cosine Transform and Qunatization for Image Compres-
sion,” in IEEE International Symposium on Circuits and Systems Vol. III
(1999), pp. 375–378

209. C. Burrus, P. Eschenbacher: “An In-Place, In-Order Prime Factor FFT Algo-
rithm,” IEEE Transactions on Acoustics, Speech and Signal Processing 29(4),
806–817 (1981)
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- wavelet transform 385
- filter bank 389
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Phase-locked loop (PLL)
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- demodulator 524
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- implementation 525, 526
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Pole/zero diagram 246, 389
Polynomial rate conversion 356
Polyphase representation 310, 386
Power
- dissipation 29
- estimation 554, 554
- line hum 543, 544, 548, 550, 562,
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- method 593
PowerPC μP 685
Prediction 535
- forward 583
- backward 584
Primitive element 71
Programmable signal processor 2,
14, 124, 645, 712
- addressing generation 644
Public key systems 510
Principle Component Analysis 589
- Sanger’s GHA 595

Quadratic RNS (QRNS) 73
Quadrature Mirror Filter (QMF) 380
Quartus II 35
Qsys 727

Rader DFT 438
Rate conversion
- arbitrary 345–374
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- Farrow 358

- FFT-based 347
- fractional delay 349
- MOMS 367
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Rational rate conversion 309
RC5 510
Rectangular window 189, 419
Reduced adder graph 199, 239
RISC μP 634
- register file 653
RLS algorithm 575, 580, 586
RNS
- CIC filter 320
- complex 74
- IIR filter 250
- Quadratic 73
- scaling 334
ROM
- LPM 48
RSA 510
RTL viewer 36

Sampling
- Frequency 419
- Time 419
- see rate conversion
Sea of gates Plessey ERA 5
Self-similar 399
Sine approximation 148
Simulator
- ModelSim 37, 38
Speech compression 613
- ADPCM 618
- A-law 613
- LPC-10e method 625
Square root approximation 161
Stack μP 647, 651, 701
Step size 549, 550, 559
Subband filter 375
Super Harvard μP 652
Symmetry
- in filter 186
- in cryptographic algorithms 510



930 Index

Synthesizer
- accumulator 32
- PLL with accumulator 518

Taylor series 132
Theorem
- Chinese remainder 71
Three address μP 649, 651
TimeQuest 28
Timing 27
Two-channel filter bank 380–394
- comparison 394
- lifting 387
- orthogonal 389
- QMF 389
- polyphase 386
Transformation
- continuous Wavelet 399
- discrete cosine 464
- discrete Fourier 418
- - inverse (IDFT) 418
- discrete Hartley 468
- discrete Wavelet 398–403
- domain LMS 557
- Fourier 419
- short-time Fourier (STFT) 395
- discrete sine 461
Triple DES 508
Two address μP 649, 651

Vector μP 716
Verilog
- key words 883
VGA 755
VHDL
- styles 17
- key words 883
Video processing
- Motion detection 783
- standard H26x/MPEG 789, 790
Von-Neuman μP 652

Walsh 531
Wave digital filter 280

- 3-port 281
Wavelets 398–403
- continuous 399
- de-noising 405
- linear-phase 393
- LISA processor 706–722
- orthogonal 385
Widrow–Hoff LMS algorithm 546
Wiener–Hopf equation 542
Windows 189, 419
Winograd DFT algorithm 434
Winograd FFT algorithm 452
Wordlength
- IIR filter 239
- LWDF filter 300
- narrow band filter 295

Xilinx
- ARM Cortex-A9 689
- Atlys development board 20
- Devices 8, 11, 21
- Error correction decoder 479
- Fast carry adder 80
- Frequency sampling filter 345
- FIR filter design 219
- Hardcore FFTs 457
- ISIM 32
- MicroBlaze 698
- PicoBlaze μP 632, 690
- PowerPC Hardcore 685
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- Timing simulation 38
- XBLOCKS 345
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