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VOCODER ASIC 

BACKGROUND OF THE INVENTION 

I. Field of the Invention 

The present application is a divisional application of European Patent 

Application No. 95910296.3 (Patent No.EP-Bl-0695454). The invention of the parent 

application relates to speech processing. More particularly, the invention of the parent 

application relates to a novel and improved method and apparatus for implementing 

a vocoder in an application specific integrated circuit (ASIC). 

The present invention relates to a block normalization processor useful in 

connection with the invention of the parent application. 

II. Description of the Related Art 

Transmission of voice by digital techniques has become widespread, 

particularly in long distance and digital radio telephone applications. If 

speech is transmitted by simply sampling and digitizing, a data rate on the 

order of 64 kilobits per second (kbps) is required to achieve the speech 

quality of conventional analog telephones. However, through the use of 

speech analysis, followed by the appropriate coding, transmission, and 

synthesis at the rec~iver, a significant reduction in the data rate can be 

achieved. Apparatus that perform speech analysis and coding at the 
transmitter and synthesis at the receiver are known as vocoders. 

The recent development of digital cellular telephone standards and 

systems have spurred the need for these vocoders. The desire for advanced 

vocoding algorithms which use the available transmission bandwidth more 

efficiently and reproduce the source speech more accurately at the receiver 

has increased the need for processors with greater computational capacity 

needed to perform these more complex vocoding algorithms. 

Vocoders take advantage of long term and short term redundancies 

in speech, requiring computationally intensive numerical operations. 

Some of these operations include long sequence convolutions, matrix 
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inversions, long sequence correlations, and so on. For these operation to be 

conducted in real time without incurring intolerable coding and decoding 

delays in the transmissfon of speech requires powerful computational . . 
resources. 

The emergence of digital signal processors (DSPs) was an important 
factor in enabling the. real time implementation of .vocoder algorithms. 

DSPs are highly efficient in performing the arithmetic operations common 
to vocoder algorithms. Advances· in DSPs have increased their 

computatio~l capacity to rates of 40 million instructions per second {MIPS) 

and above. 
The vocoding algorithm used for exemplary purposes is the variable 

rate code excited linear prediction (CELP) algorithm detailed in 

USA-5,414,796; entitled nvariable Rate Vocoder". 

Shown below in Table I is a run time profile for a single 20 
millisecond speech frame, of the encoding portion of the exemplary 
vocoding algorithm, as implemented using a typical DSP. Because· the 

encoding portion of the exemplary vocoding algorithm requires 

significantly more processing than does the decoding portion, only the· 

encoding process is detailed in Table I. The DSP referred to in Table I is 
clocked at 40 MHz and performs arithmetic operations and other operations, 
each in one or more clock cycles, depending on the operation. The first 
column presents the main operations of the exemplary vocoding algorithm. 
The second column presents the number of clock cycles required to 

accomplish_ each particular operation of the vocoder algorithm using the 
exemplary DSP. .The third column presents the percentage of total 

processing required by the particular operation. The exemplary vocoding 

algorithm requires that all operations be performed within 20 milliseconds 
for real time operation of the exemplary· vocoding algorithm. This places a 

requirement on the DSP chosen to implement the algorithm, such that the 

DSP be capable of operation at a clock rate at or above that required to 

complete the required processing within the 20 millisecond frame. For the 
typical DSP described by Table I, this restricts the number of clocks to 800,000. 
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TABLE I 

Routine 40 :MHz o/o of Total 
docks 

LPC Analysis 24810 3.89 
LPC to LSP Con,version 48780 7.65 
Rate Decision 330 0.05 
LSP Quantization 660 0.10 
Unquantize LSP 1110 0.17 
LSP /LPC lnteroolation 34590 5.42 
Pitch Search 225570 35.36 
Codebook Search 262380 41.13 
Synthesis 34230 5.37 
Packing 5490 0.86 
Total 637950 100.00 

As can be seen by Table I the pitch search and codebook search 
operations consume over 75 percent of the processing time in the encoding 
portion of the vocoder algorithm. Since the majority of the computational 
load ~es within these two search algorithms, the primary objective of an 
efficient ASIC designed to perform vocoding is to reduce the number of 
clock cyc:les required to perform these two operations. 

The method and apparatus of the invention of the parent applicati_on and the 

.· :present invention gre~tly decr~~e. the numb~~ of instruction cycles · necessary .. ,to . . . - -
perform these search operations. The invention of the· parent application and the 

•• • ·: l •• • • 

present i~vention provide further methods and apparatus that are optimized for 

performing more efficiently operations that are of particular significance to vocoding 

algorithms. The application of the methods and apparatus of the parent application and 

the present invention are not limited to performing the exemplary vocoding operation 

or even to performing speech encoding or decoding. It is envisioned that the methods 

and apparatus can be applied to any system that utilizes digital signal processing 

algorithms such as echo cancellers and channel equalizers. 
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In the parent application, the exemplary embodiment of the invention described 

therein is an ASIC implementation of a variable rate CELP algorithm detailed in the 

aforementioned US-A-5,414,796. The features of the invention of the parent 

application are equally applicably to any linear_p~edictive 
coding (LPC) algorithm. The present invention introduces an architecture 
optimized to perform a vocoder algorithm in a reduced number of clock 
cycles and with reduced power consumption. The ultimate optimization 
goal was to minimize power consumption. Reducing the number of clocks 
required to perform the algorithm was also a concern as reduced clock rate 
both directly and indirectly acts to lower power consumption. The direct 
effect is due to the relationship between power consumption and clock rate 
for complementary metal-oxide semiconductor (CMOS) devices. The 
indirect effect is due to the square-law relationship between power 
consumption and voltage in a CMOS device, and the ability to lower voltage 
with decreasing clock rate. The efficiency of the vocoder ASIC is· a measure 
of the amount of processing that is accomplished per clock cycle. Increasing 
the efficiency will then reduce the total number of clock cycles required to 
accomplish the algorithm. 

A first technique to increase ~e efficiency in the performance of the 
vocoding algorithm is a specialized DSP core architecture. The DSP core of 
the exemplary embodiment increases memory throughput by providing 
thre_e random access memory (RAM) elements. Each: of the three RAM 
elements has a dedicated memory address generation unit. This triple­
partitioning of the memory allows the efficient execution of such operations 
as recursive convolution by providing. operands, computing results, and 
storing results all. in a single cycle. The fetching of the operands, 
computation of results, and storage of results are pipeline.d so that the 
complete recursive convolution for a single result is performed o.ver 3 
cycles, but with a new result being produced every cycle. The triple­
partitioned memory reduces clock cycle requirements for other operations 
in the vocoder algorithm as well. The efficient execution of the recursive 
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convolution provides the most significant savings in the vocoder 
algorithm. 

A second· technique to increase efficiency in the performance of the 
vocoding algorithm is to provide a separate slave processor to the DSP core, 
referred to as the minimization processor. The minimization processor 
per-forms correlations, calculates mean squared errors (MSEs), and searches . 
for the minimum MSE over data supplied to it by the DSP core. The 
minimization processor shares the computationally intensive correlation 
and minimization tasks with the DSP core. The minimization processor is 

provided with a control element that oversees the operation of. the 
minimization processor and can curtail operation of the MSE minimization 
task under certain conditions. These conditions are those for which 
continued searching can not provide a MSE below the current minimum 
MSE due to mathematical constraints. The methods for curtailing the MSE -minimization task are referred to as power saving modes of the 
minimization processor. 

The .present invention relates to block normalization. US-A-4,491,773 to 

Veldhuis et. al. teaches that for subband coding of a signal such as digital stereo 

signal, the digital signal is spilt into subbands, each comprising at least first and 

second subband signal components. The ~ubband signal components in a subband m 

are constituted by blocks of q samples each, represented by a certain number of bits 

(n_, Ilm). The number of bits is the result of allocation based on a determination of 

bit needs for blocks in each subband. A determination is made whether or not initially 

bits are to be allocated to a signal block of one component in a subband prior to the 

bit allocatfon, and irrespective of the bit need for that signal block. If it is determined 

that an initial bit allocation is required for a particular signal block in a subband, an 

initial bit allocation is also applied to at least a second corresponding signal block in 

that subband. Veldhuis teaches traditional computationally intensive normalization by 

divisional using a divider (reference numeral 314 in the specification). Reference is 

made in Veldhuis to EP-A-0 402 973 in regard to normalization. 

US-A-518, 781 is described, in the English language abstract published in 

Solvent inventions illustrated of 17 May 1977, Section R, Electrical, as providing a 

computation unit with a digital integrating structure having, inter alia, a normalization 

block and a block for reception and storage of an inverse scale signal. In the 
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integration process, initial data is applied to an integrand storage block _and to a block 

for storage of the order of the output increment. A scaling block applies a decision 

signal to the integrand storage block for transmission of the values of the orders to an 

integrand increment block. Initial scaling is then carried out. If the integrand 

increment block and an increment block for the variable of integration have their 

inputs commutated by input buses, then a decision signal of -1 from the scaling block 

is summed, during a specified number of scaling steps, with the orders of the 

increments of the integrand increment block and of the increment block for the 

variable of integration. After the specified number of scaling steps, stabilization of the 

order and numerical information occurs. Automatic scaling is effecte.d by the integrand 

increment block, the increment block for the variable of integration, the normalization 

block; the block for storage of the order of the output increment, and the block for 

reception and storage of the inverse scale signal. The automatic scaling process 

consists of working out the scale signals, changing the order of the integrand, of the 

output increments and of the variable of integration, and shifting the mantissa of the 

integrand, of the output increments and of the variable of integration. 

DE-A-40 31603 describe5·a result number shift circuit, which brings the result 

number together with the decimal point into the correct position. A conv~onal, 

decimal point-free decimal number must appear in the display field in such a manner 

that its place value 100 is fully to the left. In contrast to this, the first number of a 

decimal fraction number must appear at the very right, if the portion after the decimal 

point is an endless decimal fraction. The shift circuit consists of number shift registers, 

decimal point shift registers, and associated circuit elements. After completion of 

addition or subtraction or multiplication or division, the result number is in a shift 

register without precise positioning and the associated decimal point is in another shift 

register and is driven by a clock frequency. The r~sult number, with the smaller place 

value to the front, is clocked into a number shift. register and the associated decimal 

point is clocked into a decimal point. shift register .. The clock drive is broken as soon 

as either a number (not the number 0 but a number from 1 ·to 9) has reached a 

specified bit, or the decimal point has reached an alternative specified bit, to achieve 

the requisite output in a display field. 
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SUMMARY OF THE INVENTION 

A third means to increase efficiency in the performance of the vocoding 

algorithm in the exemplary embodiment is the subject of the present application. The 

invention in its widest aspect is set forth in Claim 1. The invention involves providing 

dedicated 

hardware for efficiently performing block normalization. In the 
computations of the vocoding algorithm there is a need to maintain the 
highest level of precision possible in the computations. By providing 
dedicated hardware, block normalization can be performed simultaneously 
with other operations in the voco~er algorithm, reducing the number of 
instruction cycles required to perform the vocoding algorithm. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The features, objects, and advantages of the present invention will 
become more apparent from the detailed description set forth below when 
taken in conjunction with the drawings in which like reference characters 
identify correspondingly throughout. The t:Cii~d is of an exemplary 

embodiment of both the invention of the parent application and the present invention. 

In the drawings: 

Figure 1 is a block diagram of the apparatus of the exemplary emboc:ti~t; 

Figure 2 is a functional illustration of the operation of the 
exemplary e~bodiment; 

Figure 3 is a flowchart of the exemplary encoding operation of the 
exemplary embodiment;. 

Figures 4a-d are a set of charts illustrating the vocoder bit allocation 
for various rates and indicating the number of pitch and codebook 
subframes used for each rate; 

Figures Sa-d are block diagrams of . the 
DSP core of the execripl ary embodiment; 

Figures 6a-b are block diagrams of the 
minimization processor of the exemplary embodiment; 
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Figure 7 is an illustration of the pitch search operation as performed 
in .the exemplary embodiment; 

Figure 8 is a flowchart of the pitch search operation of the exemplary 
embodiment;· 

Figure 9 is an illustration of the codebook search operation as 
performed in the .· . embodiment of the .E!xempl ary embodiment; 

Figure 10 is a flowchart of the codebook search operation of the 
exemplary embodiment; 

Figure 11 is a block diagram of encoder's decoder responsible for 
keeping the filter memories of the encoder at one end and the decoder at the 
other end of the communications link the same in the vocoding operation 
of the exemplary embodiment· ..,. and 

Figure 12 is a block diagram of the decoder of the exemplary 
embodiment .. 

DETAILED DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

Referring now to the figures, DSP core 4 of Figure. 1 illustrated in 
Figures.Sa-dis designed around a ~pie-partitioned random access memory 
·(RAM), (RAM A 104, RAM B 122 and.RAM C 182), a read only memory 
(ROM) (ROM ~ 114), and an efficient arithmetic logic unit (ALU) (ALU 143). 
The triple-partitioned RAM provides more efficient ALU utilization and 
increased RAM bandwidth over what can be achieved with a single.RAM. 
A dedicated ROM, ROM E 114, provides 16-bit constants. The RAM 
partitions RAM A 104, RAM B 122 and RAM C 182 and the ROM, ROME 
114, provide data to ALU 143. RAM C 182 accepts and provides 32-bit data 
from and to ALU 143 while RAM A 104 and RAM B 122 accept and provide 
16-bit data, making computations with 16-bit operands and storage of 32-bit 
results highly efficient. 

Each partition has a dedicated address generation unit. RAM A 104 
has address unit A 102, RAM B 122 has address unit B 120 and RAM C 182 
has address unit C 186 and ROM E 114 has address unit E 112. Each of the 
address units is comprised of registers, multiplexers and adder/subtracter 
elements (not shown). In one clock cycle DSP core 4 may perform three 
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memory operations, -three address updates, an arithmetic operation (e.g. a 
multiply-accumulate-normalize), and a data move to minimization 

processor 6. 

Instruction ROM, ROM I 194, stores the instructions which control 

the execution sequence of DSP core 4. The sequence of instructions stored in 

ROM I 194 describe the processing functions to be performed by DSP core 4. 

ROM I 194 has a dedicated address generation unit, IP counter and stack 196. 

The RAM address generation units or register files, address unit A 
102, address unit B 120 and address unit C 186, provide address and data for 
corresponding RAM operations. Data may be moved from register file 
elements to other register file elements within the same address unit, or to 
the respective RAM. In the exemplary embodiment, address unit A 102 

provides data through multiplexer 106 to RAM A 104, address unit B 120 
provides data through multiplexer 124 to RAM B 122 and address unit C 186 
provides data through multiplexer 180 to RAM C 182. 

Register file elements accept immediate data, Th1M (as illustrated in 

figures Sa-d), data from other register file elements within the same address 

unit, or data from RAM. Henceforth, in all cases, mention of the words . . 

"immediate data" will pertain to the data provided by instruction decoder 

192. In the exemplary embodiment, RAM A 104 provides data through 

multiplexer 100 to address unit A 102, RAM B 122 provides data through 
multiplexer 118 to address unit B 120, and RAM C 182 provides data 

through multiplexer 184 to address unit C 186. Each address unit provides 

for automatic post-increment and post-decrement by an internally provided 
adder/subtracter (not shown). In the exemplary embodiment~ address unit 

B 120 provides automatic modulo addressing and two dedicated register file 
elements (not shown) used as pointers for direct memory access (DMA). 

Address unit E 112 is optimized for coefficient retrieval. It contains a 
base register which accepts immediate data through multiplexer 110, and an 
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offset register which accepts immediate data through multiplexer 110 or data 
from an accumulator (COREG 164 or ClREG 166) through multiplexers 168 
and 110. The offset register provides for automatic post-increment and post­
decrement by means of an internal adder I subtactor (not shown). 

IP counter and stack 196 contains address pointers which perform the 
function of addressing ROM I 194. The address sequencing is controlled by 
instruction decoder 192. Address data is moved either internally within IP 
counter and stack 196, or accepted as immediate data. 

Data may be moved from RAM A 104, RAM B 122 or RAM C 182 to 
registers within ALU 143. Data may also be moved from an accumulator 
(COREG 164 or ClREG 166) to RAM A 104, RAM B 122 or RAM C 182. Data 
may be moved from OREG 162 to RAM C 182 . 

. RAM A 104 accepts data from address unit A 102 through 
multiplexer 106. RAM A 104 also accepts data from an accumulator (COREG 
164 or ClREG 166) through multiplexers 168 and 106. RAM B 122 accepts 
data from address unit B 120 through multiplexer 124. RAM B 122 also 
accepts data from an accumulator (COREG 164 or ClREG 166) through 
multiplexers 168 and 124. RAM B 122 also accepts data from DMA_INPUT 
(as illustrated in figures Sa-d) or from INREG 128 through multiplexer 124. 
RAM C 182 accepts data from address unit C 186 through multiplexer 180. 
RAM C also accepts data from an accumulator (~OREG 164 or ClREG 166) 
through multiplexers 168 and 180. RAM A 104 provides data to address unit 
A 102, through multiplexer 100, and to AREG 130 through multiplexer 108. 
RAM B 122 provides data to address unit B 120 through multiplexer 118, to 
RAMB_DOUT (as illustrated in figures Sa-d), to SREG 136 through 
multiplexer 126, to BREG 134 through multiplexer 116 and to DREG 156 
through multiplexer 158. 

AREG 130 accepts immediate data, data from ROM E 114, or data from 
RAM A 104 through multiplexer 108. BREG 134 accepts immediate data, 
data from RO.M E 114, or data from RAM B 122 through multiplexer 116. 
BREG 134 also accepts data from an accumulator (COREG 164 o,r ClREG 166) 
through multiplexers 168 and 116. 

COREG 164 and ClREG 166 accept data through multiplexer 148, from 
RAM C 182, from summer 146, from .logical AND element 144, or from 
logical OR element 142. 
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Shift index register SREG 136 accepts immediate data or data from 
RAM B 122 through multiplexer 126. 

ALU 143 performs multiply, add, subtract, multiply-accumulate, 
multiply-add, multiply-subtract, round, increment, dear, negate, and logical 
AND, OR, and INVERT operations. Inputs to multiplier 132, AREG 130 and 
BREG 134 are gated (gating not shown), reducing power consumption in 
multiplier 132 by insuring that inputs change only when a multiply is 
performed. ALU 143 provides two 36-bit accumulators. (COREG 164 and 
ClREG 166) for efficiency and two barrel shifters, barrel shifter 140 and barrel 
shifter 150, for normalization. Shifts up to 16-bit positions left or right are 

. provided by barrel shifter 140 and barrel shifter 150. The shift index is 
specified either explicitly through immediate data or by dedicated shift index 
register SREG 136 through multiplexer 149. Shift index register, SREG 136 
in conjunction with barrel shifters 140 and 150, bitwise logical OR element 
160 and OREG 162 are provided to minimize overhead in performing block 
normalization. ALU 143 provides status to instruction decoder 192 allowing 
conditional jumps based on the arithmetic and logical states of COREG 164 
and/ or ClREG 166. For example, in the exemplary embodiment, the signs 
for the values in COREG l.64 and ClREG 166 are compared to provide 
conditional jump on sign change. A jump occurs when immediate data is 
provided to IP counter and stack 196. Accumulator overflow and underflow 
are detected and saturation is performed automatically by providing the 
hexadecimal value Ox7FFFFFFF in the case of overflow and Ox80000001 in 
the case of underflow in accordance with two's complement arithmetic. 

The instruction execution sequence is fetch, decode, exec:ute. An address 
value is provided by IP counter and stack 196 to instruction ROM I 194, 
whi.ch in response provides an instruction to instruction de.coder 192. 
Instruction decoder 192, in response to this input instruction, decodes the 
instruction and provides control signals to the appropriate elements within 
DSP core 4 for _execution of the instruction. 

Dedicated loop counter and stack 190 along with IP counter and stack 
196 provide low overhead nested subroutine calls and riested loops. 
Instructic:>n fetch is disabled during single instruction loops, decreasing 
power consumption. Loop counter and stack 190 accepts immediate data 
through multiplexer 188 for performing fixed length loops. Loop counter 
and stack 190 also accepts data from an accumulator (COREG 164 ClREG 166) 
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through multiplexers· 168 and 188 for performing variable length loops. A 
256-word static instruction cache (not shown) within ROM I 194 provides 
low-power instruction fetch for the most frequently executed loops and 
subroutines. A WAIT instruction disables instruction fetch and instruction 
decode pending an event, decreasing power consumption. Examples of 
such events may include a DMA transfer, a timing strobe from PCM 

interface 2, or an external event. 

External data and control are provided to DSP core 4 through 
PORT_INPUT (as illustrated in figures Sa-d), DMA_INPUT from PCM 
interface 2, and static test bits used in conditional jump instructions. Data is 

provided externally by DSP core 4 through CREG (as illustrated in figures 
Sa-d, 6a-b) and RAMB_DOUT. DMA between DSP core 4 and PCM interface 
2 is performed by cycle stealing as is known in the art. Data from COREG 164 
or ClREG 166 is provided through multiplexer 168, in conjunction with the 
OUTREG_EN {as illustrated in figures Sa-d, 6a-b) signal from instruction 
decoder 192. An active OUTREG_EN signal signifies the presence of valid 
CREG data provided to minimization processor 6. 

Minimization processor 6, illustrated in figures 6a-b, aids in the 
computationally intense portions of the pitch and codebook searches. To 
perform a minimization procedure,. minimization processor 6 receives a 
sequence of perceptually weighted input speech samples, a set of gain 
values, and a set of synthesized speech sample sequences from DSP core 4. 
Minimization processor 6 calculates the -auto-correlation of the synthemzed 
speech and the cross-correlation between the synthesized speech and the 
perceptually weighted input speech. From these correlations_, a relative 
measure of the mean-square-error (MSE) between the synthesized speech 
and the input speech is determined as a function of synthesized speech gain 
and index. Minimization processor 6 reports the index and gain resulting in 
the minimum MSE. Power saving features abort MSE calculations when 
further minii;nization is not possible. Minimization processor 6 
communicates with DSP core 4 through CREG, port 1/0, and dedicated DSP 
core instructions. 

The operation of minimization processor 6 is determined by control 
220. · Control 220 comprises a counter to keep track of current index values, 
registers to hold the optimal pitch or codebook search results, address 
generation circuitry for accessing RAM X 212, and input/ output circuitry. 
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Additionally, control element 220 is responsible for controlling select signals 
on multiplexers 224, 234, 230 and 246, and enables on latches 210, 214, 226, 

228, 236, 238, 244 and 250. Control 220 also monitors various values within 
elements in minimization processor 6, controls power saving modes which 
curtail searches under certain predetermined search termination conditions, 
and controls the circulation of gain values in circular buffer 259. 

Furthermore, control 220 is responsible for performing input/ output 
operations. Control 220 is responsible for providing the minimization 
results to DSP core 4 (i.e. the best pitch lag and pitch gain or the best 
codebook index and codebook gain determined in their respective searches) 
through inports 12. The OUTREG_EN signal is provided to control 
element 220 to indicate that the data on the input to latch 210 is valid and is 
present on the accumulator output signal CREG. Control 220 in response 
generates an ~nable signal and provides the enable signal to latch 210 to 
receive the data. 

The OUTPORT_EN (as illustrated in figures Sa-d, 6a-b) and 
PORT_ADD {as illustrated in figures Sa-d, 6a-b) signals are provided to 
control element 220 from DSP core 4. The PORT_ADD signal provides an 
address to minimization processor. 6. Minimization processor 6 will accept 
data from CREG when the PORT_ADD value specifies data for 
minimization processor 6 and OUTPORT_EN indicates a valid PORT_ADD 
value. Control and data are provided to minimization processor 6 as 
described above. 

Referring to figure 1 which is an exemplary block diagram of the 
architecture of the present invention. PCM Interface 2 receives from and 
provides to a codec (not shown) pulse code modulation (PCM) speech 
sample data which in the exemplary embodiment are in the form of µ-law 
or A-law companded sample data or linear sample data. PCM interface 2 
receives timing information from clock generator 10 and receives data and 
control inform~tion from microprocessor interface 8. 

PCM interface 2 provides to DSP core 4 the PCM speech ~ample data it 
received from the codec (not shown) for encoding. PCM interface 2 receives 
from DSP core 4 PCM speech sample data that is then provided to the codec 
(not shown).- The PCM data is transferred between DSP core 4 and PCM 
interface 2 via OMA. PCM interface 2 provides timing information to clock 
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generator 10, based on the timing of samples received from the codec (not 

shown). 
DSP core 4 provides data and control information to its co-processor, 

minimization processor 6. DSP core 4 also provides data to outports 14 and 

receives data from inports 12. DSP core 4 receives timing information from 

clock generator 10. DSP core 4 iS also capable of providing external address 

information and receiving external instruction and data. 

Minimization processor 6 receives timing information from clock 

generator 10, and receives data and control from DSP core 4. Minimization 

processor 6 provides results of minimization procedures to DSP core 4 via 

inports 12. 

Clock generator 10 provides timing information to all other blocks. 

Clock generator 10 receives external clock signals and receives timing 

information from microprocessor interface 8 and from PCM interface 2. 

Joint Test Action Group QTAG) interface 16 provides the ability to test 

the functionality of the ASIC. JTAG interface 16 receives external data and 

control information and provides external data. 

Outports 14 receives data from DSP core 4 and provides this data to 

microprocessor interface 8 and may also provide data to external devices 

(not shown). 

Inports 12 receives data from microprocessor interface 8 and from 

minimization processor 6, and provides this data to DSP core 4. · Inports 12 

may also receive data from external devices (not shown)· and provide this 

data to microprocessor interface 8. 

Microprocessor interface 8 receives from and provides to a 

microprocessor (not shown) data and control. information. This 

information is provided to the other blocks. 

In the exemplary embodiment of the present invention, the Vocoder 

ASIC performs a variable rate CELP algorithm which is detailed in 

ttre aforementioned IJ.S.-A-Fi,414,796. 

Figure 2 illustrates the main functions performed in the ASIC. 

Referring to. figure 2, the samples to be encoded are provided to the vocoder 

ASIC through PCM interface 30 from a codec (not shown). These samples 

are then provided to decompanding element 32 which converts the µ-law or 
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A-law samples to linear samples. · Samples provided in linear format are 
passed through decompancling element 32 without change. Linear samples 
are provided to transmit audio processing element 34 which functionally 
comprises voice operated switch (VOX) 36, audio equalization element 38, 
QCELP encoding element 40, and dual tone multi-frequency (DTMF) 
detection element 41. Transmit audio processing element 34 then provides 
the ·encoded speech packet through microprocessor interface 42 to a 
microprocessor (not shown) external to the ASIC. 

Encoded speech packets are provided by a microprocessor (not shown) 
through microprocessor interface 42 tq receive audio processing element 44 
where they are decoded into speech samples. Receive audio processing 
element 44 functionally comprises QCELP decoding element 46, audio 
equalizer 48, and DTMF generation element 47. The decoded samples are 
provided to companding element 50 which converts the linear samples to 
µ-law or A-law format or passes linear· samples without change to PCM 
interface 30. -The ASIC provides the decoded samples through PCM 
interface 30 to a codec (not shown) external to the ASIC. 

The decompanding operation illustrated in figure 2 as decompanding 
element 32 and the com.panding operation illustrated in figure 2 as 
companding element 50 are performed by DSP core 4 illustrated in figures 
Sa-d. The transmit audio processing operations illustrated in figure 2 as 
transmit audio processing element 34 are performed by DSP core 4 and 
minimization processor 6 illustrated in figures 6a-b. The receive audio 
processing operations illustrated in figure 2 as receive audio processing 
element 44 are performed by DSP core 4 illustrated in figures 5a-d. 

In the exemplary embodiment, samples provided from the codec (not 
shown) in 8-bit µ-law or 8-bit A-law format are converted into 14-bit linear 
format. The relationship between µ-law and linear is shown in equation 1 
below: 

2Y=-1J{33+2M)2N -33 

where Y is a linear value (-4015.5 to 4015.5), N is an exponent (0 to 7), M is a 
magnitude value (0 to 15), and S is a sign (0 for positive, 1 for negative). 
The relationship between A-law and linear is shown in equations 2 and 3 
below: 

(1) 
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for N=O 
for N = 1, ... ,7 

(2) 

(3) 

where Y is linear value (-4032 to 4032), N, M and S, are as described above. 
Referring to figures Sa-d, the samples provided through PCM 

interface 30 of figure 2, are converted to linear format by means of a look up 
table stored in ROME 114. In a preferred embodiment, half-size 128x14 µ­
law to linear and A-law to linear lookup tables are employed to perform the 
conversion. The preferred embodiment takes advantage of full-sized 
conversion tables having the property shown in equation 4 below. 

ROM(n + 128) = -ROM(n), 0SnS127 

Removal of any DC component from the input speech signal is 

required before computation of the autocorrelation coefficients and LPC 

coefficients. The DC blocking operation is done in DSP core 4 by subtracting 
a low-pass filtered speech sample mean, the DC-bias, from each input 
sample in the current window. That is, the DC-bias for the current frame is 

a weighted average of the sample mean of the current and previous frames. 
The computation of the DC-bias is shown in equation 5 below: 

(4) 

DC_bias = a(mean(previous_frame)) + (1- a )mean( current_ frame) (5) 

where a= 0. 15 in the exemplary embodiment. Low pass filtering is used to 
prevent large discontinuities at the frame boundaries. This operation is 
performed in DSP core 4 by storing the sample mean for the current frame 
and for the previous frame in one of the RAM elements (i.e. RAM A 104, 
RAM B 122 or RAM C 182) with the interpolation factor, a, provided by 
ROM E 114. The addition is performed by summer 146 and the 
multiplication· by multiplier 132. The DC blocking function cal\ be enabled 
or disabled under microprocessor control. 

The DC-free input speech signal, s(n), is then windowed to reduce the 
effects of chopping the speech sequence into fixed-length frames. The 
Hamming window function is used in the exemplary embodiment. For 
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frame length LA= 160 the windowed speech sw(n) is calculated as shown in 
equation 6 below: 

where the Hamming window is defined in equations 7 and 8 below. 

W 8 (n) = 0.S4-0.46cos[ 2nn/(L .. -1)], 
=0, 

OSnSLA -1 

otherwise 

(6) 

(7) 

{8) 

In a preferred embodiment, since W H(n) is an even-symmetric 
function, a lookup table of 80 coefficients, half the number of Hamming 
window coefficients, are stored in ROME 114. Windowing may then be 
performed by providing the window coefficient, W8 (n), from ROME 114, in 
accordance with an address value provided by address unit E 112, through 
multiplexer 108 to AREG 130. AREG 130 provides this data to a first input of 
multiplier 132. Speech sample, s(n+60) is provided by RAM B 122 to BREG 
134. BREG 134 provides this value to a second input of multiplier 132. The 
output of multiplier 132 is the windowed speech sample which is provided 
to COREG 164 and then provided to RAM C 182 t~ough multiplexer 168. 

The block normalization procedure consists of two functional parts: 
determination of the normalization factor and normalization of the 
intended data. In the exemplary embodiment, the data is stored in two's 
complement notation. The windowed samples are computed according to 
equation 7 above. On a normalization instruction, DETNORM, from ROM I 
194, .the resulting windowed sample value generated in COREG 164 is 
subjected to the following procedure. If the value in COREG 164. is negative 
then inversion element 152 inverts the binary digits of the number and 
passes the bit inverted value to a first input of summer 146. The second 
input of suilln1-er 146 is provided with a zero through multiplexers 149 and 
138. Summer 146 then adds one, through its carry input (not shown) to the 
bit inverted value. If the value in COREG 164 is positive, the value is passed 
through multiplexers ~68 and 154, inversion element 152 and summer 146 
unaffected. ·The purpose of this procedure is to compute the absolute value 
of COREG 164. The absolute value is then provided to a first input of bitwise 
logical OR element 160. The second input of bitwise logical OR element 160 
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is provided by OREG 162. The absolute value calculation described above is 
shown in equations Sa-c below. 

where 

OREG,,_= (ABS(COREG))OR(OREG°"') 

ABS(COREG) =COREG, 

=-COREG, 

COREGC!:O 

COREG<O 

(Sa) 

(Sb) 

(Sc) 

The operation described in equatio~ 8a-c can be similarly performed on 
ClREG 166 using a DETNORM instruction if the intended data for 
normalization resides in ClREG 166. OREG 162 is cleared at the beginning 
of the normalization operation. This procedure repeats for all the 
windowed samples (intended data) such that, at the end of the operation, 
the value stored in OREG 162 represents the bitwise logical OR of the 
absolute values of all the windowed samples. From the most significant pit 
set in OREG 162 a scaling factor is determined since the value in OREG 162 
is greater than or equal to the largest magnitude value in the block of 
windowed samples. The value in OREG 162 is transferred through 
multiplexer 168 to RAM C 182. This value is then loaded into COREG 164. 
The normalization factor is determined by counting the number of left or 
right shifts of the value in COREG 164 required so that shifts of the 
windowed data by this amount will provide values with the desired peak 
magnitude for the subsequent operation. This scaling factor is also known 
as the normalization factor. Because normalization is performed through 
shifts, the normalization factor is a power of two. 

In order to maintain the windowed samples in the highest precision 
possible, the intended values are multiplied by a normalization factor so 
that the largest magnitude value occupies the maximum number of bits 
provided for il'.L the subsequent operation. Since the normalization factor is 
a powers of two, normalization on the intended data can be achieved by 
simply performing a number of shifts as specified by the normalization 
factor. The normalization factor is provided by RAM B 122 through 
multiplexer -126 to SREG 136. The windowed s~mples are then provided 
from RAM C 182, through multiplexer 158 to DREG 156. DREG 156 then 
provides these values to barrel shifter 150, through multiplexer 154 and 
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disabled inverter 152, where they are shifted in accordance with the 
normalization factor provided to barrel shifter 150 by SREG 136 through 
multiplexer 149. The output of barrel shifter 150 is passed through disabled 
adder element 146 and multiplexer 148 to COREG 164. The normalized 
windowed samples are then passed through multiplexer 168 and provided 
thr9ugh multiplexers 124 and 180 to RAM B 122 and RAM C 182 
respectively. This results in two copies of the normalized windowed 
sampl~s in RAM, making the subsequent calculation of the autocorrelation 
coefficients more efficient. 

The computation of the P+ 1 autocorrelation coefficients R(k) is 
performed in accordance with equation 9 below: 

LA-1-k 

R(k)= I,.sw(m)sw(m+k), OSkSP (9) 
111•0 

where P is the order of the formant prediction filter in the encoder. In the 
exemplary embodiment, P = 10. The normalized windowed samples, sw(m) 

are provided by RAM B 122 through multiplexer 116 and BREG 134 to a first 
input of multiplier 132 ... Delayed versions of the normalized windowed 
samples, sw(m+ k), are provided by RAM C 182 ~ough multiplexer 148 and 

ClREG 166, RAM A 104 and ~G 130 to a second input of multiplier 132. 
Each R(k) is the accumulation of LA - k values. For the first iteration of 
each R(k), the output of multiplier 132 is provided to accumulator COREG 

164 through multiplexer 138 and barrel shifter 140,. to a first input of 
· summer 146. Multiplexer 154 provides zero to a second input of summer 
146 through disabled barrel shifter 150. For subsequent iterations, the 
output of multiplier 132 is provided to a first input of summer 146 through 
multiplexer 138 and barrel shifter 140. A second input of summer 146 is 
provided with the output of COREG 164 through multiplexers 168 and 154, 
disabled inversion element 152 and disabled barrel shifter 150 This 
procedure is repeated for each R(k). 

None of the autocorrelation coefficients is larger R(O). In the 
exemplary embodiment, after R(O) is calculated, its normalization factor is 
determined.. This normalization factor is then applied to the already 
computed R(O) and the rest of the autocorrelation coefficients as they are 
computed. Normalization of the autocorrelation coefficients at this stage 
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maximizes the precision for the subsequent computation of the LPC 
coefficients. 

Now proceeding to block 62 of figure 3, the LPC coefficients are 
cakulated to remove the short-term correlation (redundancies) in the 
speech samples. 
The formant prediction filter with order P has transfer function, A(z), 

described by equation 10 below. 

p 

A(z) = 1-I,ai.z-1
, P=lO (10) 

i•I 

Each LPC coefficient, a;, is computed from the autocorrelation values of the 
normalized, windowed input speech. An efficient iterative method, called 
Durbin's recursion (See Rabiner, L.R. and Schafer, R.W., "Digital Processing 
of Speech Signals," Prentice-Hall, 1978) is used in the exemplary 
embodiment to compute the LPC coefficients. This iterative method is 
described in equations 11 through 17 below. 

E(O) = R(O), i = 1 (11) 

(12) Jq =[R<i1-$:p-1>R(i-Jlvf(i-1) 
a~i) = ki (13) 

a<z1 = a(i-l) - r,..a(i-.l) 1 S ,. s i -1 
1 J "1 z-1 I 

Ei> = ( l - k~ )Ec;-o 

H i < P then increment i and continue to 12 
The final LPC coefficient values are: a; = at> I lSjSP 

Durbin's iterative algorithm works only when the input signal has zero 
mean, requiring that any DC-bias be removed before the autocorrelation 
calculations are performed a~ described previously. 

· In the exemplary embodiment, 15 Hz of bandwidth expansion is 
utilized to ensure the stability of the formant prediction filter. This can be 
done by scaling the poles of the formant synthesis filter radially inwards. 

(14) 

(15) 

(16) 

(17) 
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Bandwidth expansion is achieved by scaling the LPC coefficients in 
accordance with equation 18 below: 

(18) 

. where p = 0.9883 in the exemplary embodiment. The 10 bandwidth 
expansion coefficients, {Ji for 1 Sis P, are stored in a look-up table provided 
in ROME 114. The functions of block 62 are performed in DSP core 4. 

Now proceeding to block 64 of figure 3, an encoding rate for the 
current frame of speech data is determined. The rate decision is based on a 
measure of voice activity in each frame. The voice activity, in turn, is 
measured in accordance with the frame energy, R(O), described previously. 
To determine the encoding rate for fr~e i, the frame energy is compared 
wi~ the three thresholds defined in equations 19 through 21 below: 

Tz(B;) =-(5.544613•10-c;)B;2 +(4.047152)B; +362 

T2 (Bi) =-(1.529733• 10-c;)B? + (8. 750045)Bi + 1136 

T3(B;) =-(3.957050•10-6)B;2 +(18.899622)B; +3347 

where the background noise level, B1, for frame i is updated each frame as 
described in equation 22 below. 

B; = min[ ~-i (0), 160000, max[ l 00547 Bi-I• B;_1 + 1 ]] 

The rate will be eighth if the frame energy is below all three thresholds, 
quarter if the frame energy is between T1(Bi) and T2 (Bi), half if the frame 
energy is between T2 (B;) and T3(B;), and full if the frame energy is above 
T3(B;). Except when the rate is forced by the microprocessor (not shown), 
through micrc:>processor interface 8, to a specific rate, the data rate can be 
raised to any rate but may be lowered by no more than on~ step per frame 
(e.g. half rate to quarter rate). In DSP core 4, the coeffidep.ts associated with 
these thresholds are provided in a lookup table in ROM E 114. 

· A fractional rate algorithm is also provided in the preferred 
embodiment, allowing the maximum average rate to be limited by the 
microprocessor (not shown), through microprocessor interface 8. Given a 

(19) 

(20) 

(21) 

(22) 
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rate limit factor, S, the maximum average rate of the vocoder is limited to 
(2S + 1) I [2(S +I)] by limiting the number of consecutive full rate frames. 

The functions of block 64 are performed in DSP core 4. 
Now proceeding to block 66 of figure 3, the bandwidth_ expanded LPC 

coefficients are transformed into line spectrum pair (LSP) frequencies (See 
Soong and Juang, "Line Spectrum Pair (LSP) and Speech Data 
Compression," ICASSP, 1984). LSP frequencies have been shown to exhibit 
significantly better properties for transmission and storage and can be 
encoded more efficiently than LPC coefficients. LSP frequencies 
representing the ten LPC coefficients are the ten roots of the polynomials 
shown in equations 23 and 24 below: 

P' (m) = cos5(2nm)+ p\ cos4(2nm)+ ... +p' 4 cos(2nm)+ O.Sp' 5 

Q' (m) = cos5(2nm)+ q\ cos4(2nm)+ ... +q' 4 cos(2nm) + 0.5p' 5 

where p'; and q'; for 1sis5 are computed in DSP core 4, according to 
equations 25 through 27 below: 

(23) 

(24) 

P• -q' -1 o- o-

i; =-a, -Di1-; - p' ;-1 

q' . = -a. + n..1 • + ,.t . I I I -i-1 '11-

(25) 

(26) 

(27) 

The roots of P'(m) are found by assuming that there is at most one 
root within each n/32 radians. P'(m) is evaluated at every n/32 radians 

from 0 to n _radians. The existence of a root in any n/32 interval results in a 
sign change of the function P' ( m) over the interval. 

If a root is found, a binary search is performed to isolate the root 
within a region of size n/256 The binary search involves evaluating P'(m) 

at the center of the current region to determine which half of the region 
contains the rQot. The current region is then narrowed to include only the 
half of the region which was found to contain the root. This process 
continues until the root is isolated within a region of size n/256. A linear 
interpolation is then done to estimate the location of the root within the 
n/256 radian region. 

The ordering property of LSP frequencies insures that one root of 
Q'(m) exists between each pair of roots of P'(m). The fifth root of Q'(a>) 
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I~ 

resides between the fifth root of P'(ro) and tr radians. The binary search 
described above is performed between each pair of roots of P' (a>) and 
between the fifth root of P' (a>) and tr radians to determine the roots of 
Q'(m). 

Since the binary search continues until the location of the root is 
isolated within a region of size tr/256, 256 cosine values equally spaced 
between 0 and n, are required. The cosine values are stored in a lookup 
table in ROME 114. To find the roots of P'(a>) and Q'{a>) a maximum of 48 
and 30 function evaluations respectively are required. These function 
evaluations are the most computationally intensive portion in the 
conversion of the LPC coefficients to LSP frequencies. The functions of 
block 66 are performed in DSP core 4. 

Now, proceeding to block 68 of figure 3, the LSP frequencies are 
quantized. Each of the LSP frequencies is centered around an associated bias 
value. Before quantization this bias is subtracted from each associated LSP 
frequency to reduce the number of bits required for quantization. This bias 
is computed as shown in equation 28 below. 

Bias1 = 0.5i/(P + 1) .=; (0.45)i (28) 

After the bias is subtracted from the ~ frequency, the LSP frequency is 
quantized using a differential pulse code modulation (DPCM) quantizer. 
The DPCM quantizer is used because the LSP frequencies vary slowly with 
time, and quantizing the change in the LSP frequencies reduces the 
number of bits required for quantization over that which would be required 
to quantize the LSP frequencies directly. In DSP core 4, the LSP frequency 
bias values are stored in a lookup table in ROM E 114. The number of 
quantization bits used and the quantization step size are functions of which 
of the 10 LSP frequencies is being quantized and are also functions of the 
encoding rate. The number of quantization bits, and the step size are stored 
as a lookup table in ROM E 114 for each LSP frequency at each encoding rate. 
The lookup table described above is shown in Table II. For example, LSP 
frequency a>1 at full rate is quantized using 4 bits and with a step ·size of 
0.025. 



- 24 -

Table II 

LSP Full Rate Half Rate Quarter Eighth 
Rate Rate 

mi 4:±0;025 2:±0.15 1±0.01 1:±0.01 

mi 4:±0.04 2:±0.15 1:±0.01 1:±0.01 

0>.3 4:±0.07 2:±0.03 1:±0.01 1:±0.01 

Ctl4 4:±0.07 2:±0.03 l:±o.01 l:±o.01 

ms 4:±0.06 2:±0.02 l:±o.01 1:±0.01 

~ 4:±0.06 2:±0.02 1:±0.01 1:±0.01 

<DJ 4:±0.05 2:±0.02 1:±0.01 1:±0.01 

COg 4:±0.05 2:±0.02 1:±0.01 1:±0.01 

Cll9 4:±0.04 2:±0.02 1:±0.01 1:±0.01 

m10 4:±0.04 2:±0.02 1:±0.01 1:±0.01 

After quantization and interpolation, a test is performed to ensure 
that the formant filter will be stable after quantization effects are considered. 
The LSP frequencies must be separated by at least 80 Hz to insure the 
stability of the resulting formant filter. If any of the LSP frequencies are 
separated by less that 80 Hz from an adjacent LSP f]:equency then bandwidth 
expansion is again performed. The functions of block 68 are performed in· 
DSP core 4. 

Now proceeding to block 70 of figure 3, the LSP frequencies are low­
pass filtered to reduce quantization effeqs as shown in equation 29 below: 

Wi (current) =SM mi (previous)+ (1-SM)roi (current) (29) 

where, in the exemplary embodiment, SM= 0 for full rate, SM= 0.125 for 
half rate. For quarter rate and eighth rate, if the consecutive number of 
quarter or eighth rate frames is less. than 10, SM= 0.125 and SM= 0.9 
otherwise . 

. The LSP frequencies are interpolated for each pitch subframe. The 
interpolated "LSP frequencies for the pitch subframe are used for the 
corresponding pair of codebook subframes except for eighth rate. The LSP 
frequencies are interpolated according to equation 30 below: 
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(30) 

where the weights, a., are stored in a lookup table in ROM E 114 for each 

pitch subframe and codebook subframe at each rate. The lookup table 
described above is shown in Table m. For example, a. at full rate is 0. 75 for 

pitch subframe 1 and for codebook subframes 1 and 2. 

Tablem 
Pitch Codebook Full Rate Half Rate Quarter Eighth 

Subframe Subframe Rate Rate 
1 CXm = 0.375 

1 1 and2 CXm = 0.75 CXm = 0.625 CXco = 0.375 
2 3and4 CXm = 0.50 CXco = 0.125 
3 Sand6. CXm = 0.25 -
4 7and8 am= 1.00 

The interpolated LSP frequencies are converted back into LPC 

coefficients for use in the pitch and codebook searches. The LPC coefficients 
are computed from PA(z) and QA(z), as shown in equations 31-33 below. 

A(z) = [PA (z) +QA (z) ]/2 

where: 
s 

PA (z) ·= (1 + z-1)IT[1-2z-1 cos(2n-a>2i_1) + z-2
] 

j•l 

s 
QA (z) ={I- z-1)Il[ 1-2z-1 cos(2nm2i) + z-2

] 

j•l 

In the exemplary embodiment, a Taylor series expansion is evaluated 
within DSP cote 4 to compute the cosine values in PA (z) and QA (z). Taylor 
series expansion provides more accurate cosine values than those u~ed in 
the root search described previously. The values of PA (z) and QA (z) are 
computed ii:t DSP core 4 by performing the convolution of the quadratic 
polynomials as shown in equations 32-33 above. The functions of block 70 
are performed in DSP core 4. 

(31) 

(32) 

(33) 
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Now proceeding to block 72 of figure 3, a comprehensive analysis by 
synthesis pitch search operation is performed. This e~haustive search 
procedure is illustrated by the loop formed by blocks 72-74. Pitch prediction 
is done, in the exemplary embodiment, on pitch subframes in all but eighth 
rate. The pitch encoder illustrated in figure. 7 uses an analysis by synthesis 
method to determine the pitch prediction parameters (i.e. the pitch lag, L, 

and the pitch gain, b ). The parameters selected are those that minimize the 
MSE between the perceptually weighted input speech and the synthesized 
speech generated using those pitch prediction parameters. 

In the preferred embodiment of the present invention, implicit 
perceptual weighting is used in the extraction of the pitch prediction 
parameters as illustrated in figure 7. In figure 7, the perceptual weighting 
filter with response shown in equation 34 below: 

W _ A(z) 
Cz)- A(z/C) (34) 

is implemented as a cascade of filter 320 and filter 324. The implicit 
perceptual weighting reduces the computational c~mplexity of the 
perceptual weighting filtering by reusing the output of filter 320 as the open 
loop formant residual. This operation of splitting the filter of equation 34 
into two parts eliminates one filter operation in the pitch search. 

The input speech samples, s(n), are passed through formant 
prediction filter 320 whose coefficients are the LPC coefficients resulting 
from the LSP interpolation and LSP to LPC conversion of block 70 of figure 
3, described previously herein. The output of formant prediction filter 320 
is the open loop formant residual, p

0
(n). The open loop formant residual, 

p 0 (n), is passed through weighted forinant synthesis filter 324 with transfer 

function shown in equation 35 below. 

1 1 
H(z) = A(z/C) = 10 , where C = 0.8. 

1-Iai<z/Cri 
i=l 

· The output of weighted formant synthesis filter 324 is the 
perceptually weighted speech, x(n). The effect of the initial filter state or 
filter memory of weighted formant synthesis filter 324 is removed by 

(35) 
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subtracting the zero input response (ZIR) of weighted formant synthesis 
filter 324 from the output of weighted formant synthesis filter 324. The 
computation of the ZIR of weighted formant synthesis filter 324 is 
computed in ZIR element 328. The ZIR, aZlR(n), is subtracted from the 
perceptually weighted speech, x(n)1 in summer 326. At the start of each 
pitch subframe the filter memories of ZIR element 328 and of weighted 
forman~ synthesis filter 324 are identical. 

In the pitch search, zero contribution from the codebook vector is 
assumed for the current subframe in the computation of the open loop 
formant residual. The pitch search is performed using both the ope~ loop 
formant residual,p0 (n), described previously, and the closed loop formant 
residual, Pe(n). The closed loop formant residual, Pe(n), are the samples 
reconstructed in pitch synthesis filter 322 during the previous pitch 
subframes. The transfer function of pitch synthesis filter 322 is shown in 
equation 36 below: 

1 1 
P(z) = (1-bz-L) (36) 

where the pitch lag, L, and the pitch gain, b, are computed during the pitch 
search procedures for the previous pitch subframes. The input to pitch 
synthesis filter 322, is the excitation vector, C6 (n); generated by multiplying 
the codebook entry C6 (/), for index I, and the codebook gain, G, computed 
during the codebook search procedures for the previous codebook 
subframes. The formant residual thus generated is called the closed loop 
formant residual. 

In the exemplary embodiment, Pc(n) consists of 143 closed loop 
reconstructed samples. The search moves from a largely open loop search 
to a largely closed loop search for a window the length of the pitch 
subframe. For a pitch subframe of length Lp, n varies between 
-Lw.x = -143 and Lp -17. In the exemplary embodiment, Lp = 40 for full 
rate, Lp = 80 for half rate, and Lp = 160 for quarter rate. In the exemplary 
embodiment, the samples Pe(n) and p

0
(n) are stored contiguously as 

illus~rated by multiplexer 332, allowing the Pe(n) and p0 (n) values to be 
accessed sequentially as a single block of samples of length Lp + 143. The 
samples are stored in RAM B 122. 



- ?R -

The formant residual, p(n), is comprised of p"(n) and p.,(n) and is 
passed through weighted formant synthesis filter 330 having a transfer 
functi9n shown in equation 37 below. 

1 
H(r.) = z/ . where C = 0.8 

A( ') 
(37) 

Weighted formant synthesis filter 330 is used to generate a sequence of Lp 
weighted synthesized speech samples, YL (n), for each value of pitch lag, L. 

The weighted synthesized speech sequence, YL(n), and the weighted speech 
sequence, .xp(n) are provided to minimization processor 334. Since the 
effects of the initial state of the weighted formant synthesis filter 324 have 
been subtracted out, only the impulse response of weighted formant 
synthesis filter 330 must be computed. Computation of Ji(n) entails 
convolving the impulse response, h(n), of weighted formant synthesis filter 
330 with the appropriate subsequence within p(n), to obtain the weighted 
synthesized speech samples, yL(n), for pitch lag L. 

The convolution is performed in a recursive manner in DSP core 4 as 
illustrated in figures Sa-d. A set of YL(n) values is computed for each pitch. 
lag value, from L= 11 to L = 143. The impulse response, h(n), of weighted 
formant synthesis filter 330 is truncated to the first twenty samples in the 
exemplary embodiment and stored in RAM A 104. The formant residual, 
p(n), is stored in RAM B 122. The convolution for the first pitch lag, L = 17, 
is performed in a non-recursive manner as shown in equation 38 below: 

19 

· y17 (n):= h(n)* p17 (n) ="}2h(i)p17(n-i), 0 Sn< L, (38) 
;..o 

where Lp is the pitch subframe length .. 
The first sequence, y17(n), is computed and stored in RAM C 142. Subsequent 
sequences, YL (n), for the pitch lags, L = 18 through L = 143, are computed 
recursively as ~hown in equations 39-41 below. 

JL(n) = h(O)p(-L) 

YL(n) = YL. 1 (n-1)+h(n)p(~L) 
YL(n) = YL-1 (n-1) 

n=O 

1 s n < 20, 17 < L s 143 
20Sn< Lp 

Note the relationship shown in equation 42 below. 

(39) 

(40) 

(41) 
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PL (n) = p(n - L) = PL-l (n - 1), 17<L~143, 0 ~ n < Lp (42) 

The efficiency of the recursive convolution is optimized by dividing 
the RAMs into three partitions, each with a dedicated addressing unit to 
control load and store operations. This is referred to as triple-partitioned 
RAM. Computing the convolution values in equation 40, and producing a 
result each clock cycle is then possible. For example, in a single clock cycle, 
y11 (10) is calculated, y11(9) is stored, y17(10) is fetched, and h(lO) is fetched. 
Thus, equation 40 above can produce a result each cycle. Producing a result 
each cycle for equation 41 above is also possible. For example, in a single 
cycle, y11(24) is computed, y17(24) is fetched, and y11(23) is stored. 

The ability to perform equations 40 and 41 without the need to move 
the previously calculated weighted synthesized speech samples yL_1(n-1) to 
the same source RAM between each pitch lag update requires a storage 
strategy and hardware capability referred to as ping-panging in which the 
source and destination RAMs are swapped between each lag update. When 
computing YL (n) for even pitch lag values, YL-t (n -1) values are fetched 
from a first of three RAMs and results are stored in a second of three RAMs. 
When cpmputing YL(n) for odd pitch lag values, Yz.-1(n-1) values are 
fetched from a second of three RAMs and results are stored in a first of three 
RAMs. This ping-ponging eliminates the need to move the newly 
computed YL (n) values to, and the previously calculated YL-i (n -1) values 
from, ~he same RAM between each pitch lag update. 

Figure 8 is a flow diagram for the execution of the convolution 
portion (both initial non-recursive and recursive convolutions) of the pitch 
search in the exemplary embodiment. In block 350, the pitch lag, L, is 
initialized to its lowest value which, in, the exemplary embodiment, is 17. 
The sample number, n, and the filter index, m, are set to zero, and the 
values of y17(n) are set to zero. Blocks 352 through 360 form the initial 
convolution loop which is computed in a non-recursive manner. The 
computation of the initial convolution, where L = 17 / is performed in 
accordance with equation 43 below. 

19 

Y11(n) = Lh(i)p11(n-i), 0 Sn< L, 
i•O 

(43) 
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The computation of. the initial convolution uses fixed length loops to 
reduce computational complexity. In this manner, the overhead required to 
set up a variable length loop structure within the inner loop (blocks 356-360) 
of equation 43 is avoided. Each y17(n) value is sent to minimization 

processor 334 after it is computed. 
Block 352 tests the sample index, n. If n is equal to the pitch subframe 

length, L1 , then the initial convolution is complete and flow continues to 
block 362. If, in block 352, n is less than the pitch subframe length, then flow 
continues to block 356. Block 356 tests index, m. If m is equal to the filter 
impulse response length, 20, in the exemplary embodiment, then the 
current iteration is complete and flow continues to block 354 where m is set 
to O and n is incremented. Flow then returns to block 352. If, in block 356, 
mis less than the impulse response length, then flow continues to block 360 
where the partial sums are accumulated. Flow continues to block 358 where 
the index, m, is incremented and the flow proceeds to block 356. 

The operations involved in the initial convolution loop formed by 
blocks 352 through 360 are performed in DSP core 4, where appropriate 
pipelining is provided, to allow the accumulation of products, as shown in 
block 360, each clock cycle. The following operations illustrate the 
pipelining of the computations and occur in DSP core 4 in a single clock 
cycle. The filter response value, h(m+I), is fetched from RAM A 104 and 
provided to AREG 130. The formant residual value, p(n -17) I is fetched 
from RAM B 122 and provided to BREG 134. The partial sum, y17 (n + m -1), 

residing in COREG 164 is provided to RAM C 182 through multiplexers 168 
and 180. The partial sum y17(n+m+l), is provided by RAM C 182 to DREG 

156 through multiplexer 158. The values, h(m) and p(n-17), in AREG 130 
and BREG 134 respectively are provided to multiplier 132. The output of 
multiplier 132 is provided through multiplex~.r 138 to barrel shifter 140, 
which normalizes the value in accordance with a scaling value provided by 
SREG 136 through multiplexer 149. The value in SREG 136 is the value 
needed to normalize the p(n-17) sequence. Applying this z:ormalization 
factor to the product of p(n-17) and h(m) achieves the same eff~ct as 
normalizing p(n -17) because full pr_ecision of the product is maintained 
before the normalization takes place in barrel shifter 140. The normalized 
value is provided to a first input of summer 146. The partial sum, 
y17(n+m),- is provided by DREG 156 through multiplexer 154, disabled 
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inverter 152 and barrel shifter 150, to a second input of summer 146. The 

output of summer 146 is provided through multiplexer 148 to COREG 164. 

When index, n, reaches its maximum allowable value in block 352, the 

initial convolution is complete and the partial sums present in RAM C 182 

are now the final result of the convolution. 
When the initial convolution is complete, flow continues to block 

362 where recursive convolution is performed in the calculations for the 

remaining pitch lag values. 
In block 362, the sample index, n, is set to zero and the pitch lag index, 

L, is incremented. Flow continues to block 364. Block 364 tests L. If L is 

greater than· the maximum pitch lag value, 143 in the exemplary 

embodiment, then flow continues to block 366, where the pitch search 

operation terminates. If the L is less than or equal to 143 then flow 

continues to block 368. Block 368 controls the ping-panging operation 
described previously. In block 368, L is tested to determine if it is even or 
odd. If L is even, then flow continues to block 378 (operation described as 
Case I). If Lis odd, then flow continues to block 370 (operation described as 
Case ll). · 

Case I: (even values of pitch lag. L ) 

In block 378, JL(O) is computed in accordance with equation 39. 
Address unit A 102 provides an address value to RAM A 104, which in 
response provides h(O) through multiplexer 108 to AREG 130. In the same 

clock cycle, address unit B 120 provides an address value to RAM B 122, 

which in response provides p(-L) through multiplexer 116 to BREG 134. 

During the next clock cycle AREG 130 provides h(O) and BREG 134 provides 

p(-L) to multiplier 132, where the two values are multiplied and the 
product is provided through multiplexer 138 to barrel shifter 140. Barrel 

shifter 140, in .accordance with the value provided by SREG 136, through 

multiplexer 149, normalizes the product and provides the normalized 

product to a first input of summer 146 .. The second input of st1mmer 146 is 
provided wi~ zero through multiplexer 154, disabled inverter element 152, 
and barrel shifter 152. The output of summer 146 is provided to COREG 164 
through multiplexer 148. During the same clock cycle, y,,_1 (0) and h(l) are 
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fetched from RAM B 122 and RAM A 104 and provided to DREG 156 and 
AREG 130, through multiplexers 158 and 108, respectively. 

In block 380, the synthesized speech sample index, n, is incremented. 
In control block 382, if the synthesized speech sample index, n, is less than 

20, then flow proceeds to block 384. 
In block 384 a new Yt (n) value is computed each clock cycle in 

accordance with equation 40. Appropriate setup, required prior to the first 
iteration of block 3&4 in order to initialize the values of YL-i (n -1) and h(n) 

was achieved in block 378 as described above. Appropriate cleanup is also 
required subsequent to the last iteration of block. 384 in order to store the 

final value of yL(19). 

In the first iteration of block 384, YL(O), co~puted in block 378, is 
present in COREG 164. COREG 164 provides YL (0) through multiplexers 168 
and 180 to RAM C 182 for storage, with address value provided to RAM C 
182 from address unit C 186. YL(O) is provided to minimization processor 
334 at the same time it is provided to RAM C 182. 

In block 384 the following operations are performed in a single clock 
cycle. The YL-t (n) value is provided by RAM B 122, in accordance with .an 
address provided by address unjt B 120, through multiplexer . 158 to 
DREG 156. The impulse response value, h(n+l), is provided by RAM A 104, 
in accordance with an address provided by address unit A 102, through 
multiplexer 108 to AREG 130. DREG 156 provides YL-i (n -1) through 
multiplexer 154, disabled· inverter element 152, and barrel shifter 150, to a 
first input of summer 146. AREG 130 provides. h(n) and BREG 134 provides 
p(-L) to multiplier 132, where the two values are multiplied and the 
product is· provided by multiplier 132 through multiplexer 138 to barrel 
shifter 140. Barrel shifter 140 in accordance with a value provided by SREG 
136, normalizes the product value and provides the normalized product 
value to a second input of s·ummer 146. The output of summer 146 is 
provided thr~ugh multiplexer 148 to COREG 164. The value in COREG 164, 
computed in the previous iteration, is provided through multiplexers 168 
and 180 to RAM C 182 for storage and to minimization processor 334. 

In block 380, the synthesized speech sample index, n, is incremented. 
In control block 382, if the synthesized speech sample index, n, is equal to 
20, then YL (19), computed in the final iteration, is provided through 



multiplexers 168 and 124 to RAM B 122, for storage in a circular buffer and 
to minimization processor 334, before flow proceeds to block 390. 
EndgfCase I 

Case II: (odd values of pitch lag, Ll 

In block 370, yL(O) is computed in accordance with equation 39. 
Address unit A 102 provides an address value to RAM A 104, which in 
response provides h(O) through multiplexer 108 to AREG 130. In the same 
dock cycle address unit B 120 provides an address value to RAM B 122, 
which in response provides p(-L) through multiplexer 116 to BREG 134. 
During the next clock cycle AREG 130 provides h(O) and BREG 134 provides 
p(-L) to multiplier 132, where the two values are multiplied and the 
product is provided through multiplexer 138 to barrel shifter 140. Barrel 
shifter 140, in accordance with the value provided by SREG 136, through 
multiplexer 149, normalizes the product and provides the normalized 
product to a first input of summer 146. The second input of summer 146 is 
provided with zero through multiplexer 154, disabled inverter element 152, 
and barrel shifter ~50,.-JThe output of summer 146 is pro_vided to COREG 164 
through multiplexer 148. During the same cl~ck cycle YL-l (0) and h(l) are 
fetched from RAM C 182 and ~-.I>;-- .104 and provided to DREG 156 and 
AREG 130 through multiplexers 158 and 108 respectively. 

In block 372, the synthesized _speech sample index, n, is incremented. 
In control block 374, if the synthesized speech sample index, n, is less than 
20, then flow proceeds to block 376. 

In block 376, a new YL(n) value is computed each clock cycle in 
accordance with equation 40. Appropriate setup, required prior to the first 
iteration of block 376 in order to initialize the values of YL-i (n -1) and h(n) 
was achieved in block 370 as described above. Appropriate cleanup is also 
required subsequent to the last iteration of block 376 in order to store the 
final value of YL(19). 

In the first iteration of block 376, YL(O), computed in block ~70, is 
present in COREG 164. COREG 164 provides YL (0) through multiplexers 168 
and · 124 to RAM B 122 for storage, with address value provided to RAM B 
122 from address unit B 120. YL(O) is provided to minimization processor 
334 at the same time it is provided to RAM B 122. 
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In block 376, the following operations are performed in a single cycle. 

The Yt-i (n) value is provided by RAM C 182, in accordance with an address 

provided by address unit C 186, through multiplexer 158 to DREG 156. The 

impulse response value, h(n + 1), is provided by RAM A 104, in accordance 

with an address provided by address Unit A 102, through multiplexer 108 to 

AREG 130. DREG 156 provides y1_1 (n -1), through multiplexer 154, disabled 

inverter element 152, and barrel shifter 1501 to a first input of summer 146. 

AREG 130 provides h(n) and BREG 134 provides p(-L) to multiplier 132, 

where the two values are multiplied and the product is provided by 

multiplier 132 through multiplexer 1_38 to barrel shifter · 140. Barrel shifter 

140 in accordance with a .value provided by SREG 136, normalizes the 

product value and provides the normalized product value to a second input 

of summer 146. ·The output of summer 146 is provided through multiplexer 

148 to COREG 164. The value in <:;OREG 164, computed in the previous 

iteration, is provided through multiplexers 168 and 124 to RAM B 122 for 

storage and to minimization processor 334. 

In block 372, the synthesized speech sample index, n, is incremented. 

In control block 37 4, if the synthesized speech sample index, n, is equal to 

20, then y1 (19), computed in the final iteration, is provided through 

multiplexers 168 and 124 to RAM B 122 for storage in a circular buffer 

within RAM B 122 and to minimization processor 334, before flow proceeds 

to block 390. 

End of Case II 

Prfor to the first iteration of block 390, YL-l (19) is fetched from the 

circular buffer in RAM B 122 and l_oaded into BREG 134, YL-l (19) is then 

moved from BREG 134 to COREG 164, after which Yt-1 (20) is fetched from 

the circular buffer in RAM B 122 and loaded into BREG 134. 

In bloc~ 390, a new Jt(n) is COJilputed each clock cycle in accordance 

with equation 41. The following operations are performed in a single clock 

cycle. YL.-1(n-2)is provided by BREG 134 to COREG 164. Yt-1(n-:-3) is fetched 

from the circular buffer in RAM B 122 and loaded into BREG 134. Yt-
1 
(n -1) 

pres·ent in. COREG 164 is presented to minimization processor 334. 

Following the last iteration of block 390, yL_1(L,-2) is deleted from the 

circular buffer in RAM B 122. By adding an element to the circular buffer 
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· each pitch lag and deleting an element from the circular buffer each pitch 
lag, the size of the circular buffer is maintained at L1 -19. 

The implementation of the circular buffer is accomplished through 
special address registers in address unit B 120, which dictate the wrap 
around points so that a sequential memory can be addressed automatically 
in a circular fashion. 

In block 386, the synthesized speech sample index, n, is incremented. 
In control block 388, if the synthesized speech sample index, n, is less than 
Lp, then flow proceeds again to block 390. If the synthesized speech sample 
index, n, is equal to Lp, then all YL(n) values have been computed for the 
current pitch lag value, L, and flow returns to block 362. 

Prior to the calculation of the synthesized speech samples, YL (n), a 
sequence of length Lp of perceptually weighted speech samples, Xp(n), are 
provided to minimization processor 334. As described previously, 
sequences of synthesized speech samples, yL(n), of length· Lp for lag values 
L= 17 through L= 143 are provided to.minimization processor 334 during 
the initial and recursive convolution calculations. The synthesized speech 
samples are provided sequentially to minimization processor 334. 
Minimization processor 334 calculates the autocorrelation of each 
synthesized speech sample sequence, yL(n), and the cross-correlation 
between each synthesized speech sample sequence, YL(n), and the sequence 
of perceptually weighted speech samples, xp(n). From these correlation 
values, minimization processor 334 then calculates a relative measure of 
the MSE between each synthesized speech sample sequence, YL(n), and the 
sequence of perceptually weighted speech samples, Xp(n). For each pitch lag, 
L, the MSE is calculated for all possible pitch gain values, b, of the 
synthesized speech sample sequence. Minimization processor 334 finds the 
minimum MSE over all pitch lag values, L, and all possible pitch gain 
values, b, by .maintaining the value of the minimum MSE through the 
current pitch lag, L, and the current pitch gain, b. The pitch lag estimate, L, 
and pitch gain estimate index, b, corresponding to the minm{um MSE are 
also maintained by minimization processor 334. Each new MSE value is 
compared to the minimum MSE maintained in minimization processor 
334. If the new MSE is less than the minimum MSE, then the minimum 
MSE is replaced by the new MSE value and the pitch lag estimate, i, and the 
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pitch gain estimate index, b, are updated to reflect the new minimum MSE. 
The minimum MSE and corresponding pitch lag estimate,i, and pitch gain 
estimate index, b, maintained in minimization processor 334 are initialized 
each pitch subframe using the first negative MSE value calculated during 
the pitch subframe. After all pitch lag values, L, and all pitch gain values, b, 
are exhausted, the pitch lag estimate, i, and the pitch gain estimate index, 
b, will be the optimal pitch lag index and the optimal pitch gain index 
respectively for the current pitch subframe. Minimization processor 334 
provides the optimal pitch lag, i, and the optimal pitch gain index, b, to 
DSP core 4. The optimal pitch lag, i, and the optimal pitch gain index, b, 
are those that result in the minimum MSE between the perceptually 
weighted speech samples, Xp(n), and the weighted synthesized speech 
samples_, YL(n). The MSE is a function of pitch lag, L, and pitch gain, b, as 
described by equations 44 through 46 below: 

L,.-1 

MSE(L,b) = L(xp(n)-byL(n))
2 

L,.-1 L,.-1 L,.-1 

= :L(xp(n)}2-2b :L(xp(n)yL(n))+b2 I,(yL(n))
2 

Expxp is the autocorrelation of the perceptually weighted speech 
samples, xp(n). ExPYL is the cross-correlation between the perceptually 
Weighted speech samples, Xp(n), and the Weighted synthesized speech 
samples, YL(n). EYLYL is the autocorrelation of the weighted synthesized 
speech samples, YL(n) . 

. The autocorrelation, Expxp, of the perceptually weighted speech 
samples, xp(n), is not a function of pitch gain, b.Expxp remains constant 
during each pitch subframe and therefore does not influence the selection of 
the optimal pitch lag and the optimal pitch gain. Minimization of equations 
44 through 46- over pitch lag, L, and pitch gain, b, is equivalent to 
minimization of equation 47 below: 

{44) 

(45) 

(46) 

(47) 

Minimization processor 334 computes the autocorrelations, EYLYL' of 
the weighted synthesized speech sample sequences, YL(n), and the cross-
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correlations, ExPyL, between the perceptually weighted speech sample 
sequence, xp(n), and the weighted synthesized speech sample sequences, 
JL(n). For each correlation pair, (ExPyL,EYz.YL), minimization processor 334 
computes the relative MSE, according to equation 47 above, for a set of 
values of pitch gain, b. The calculation of the correlations 'ExpJi and Eyz.YL 

are performed simultaneously in minimization processor 334. The relative 
MSE values are calculated and the decisions regarding MSE minimization 
are made for pitch lag L while the correlation values are being calculated for 
pitch lag L + 1. 

Figures 6a and 6b illustrate an exemplary embodiment of 
minimization processor 334. The perceptually weighted speech samples, 
xp(n), are provided by DSP core 4 to latch 210 for storage in RAM X 212, in 
accordance with an address provided by control 220. Scaled pitch gain 
values, -2b, tor b=0.25 through b=2.0 in steps of 0.25, are provided 
through multiplexer 260 by DSP core 4, for storage in latches 264, 268, 272, 
276, 280, 284, 288, and 292 respectively. Corresponding scaled pitch gain 
values, bl, are provided through multiplexer 260 by DSP core 4, for storage 
in latches 262, 266, 270, 274, 278, 282, 286, and 290 respectively. Multiplexer 
260 provides values directly to latch 262. Latch 262 provides values directly 
to latch 264. Latch 276 provides values to latch 278 through multiplexer 294. 
Latch 290 provides values directly to latch 292 ~d so on. Shifting values 
through latches 262 through 292 and through multiplexer 294 allows values 
to be provided through multiplexer 260 to all latches within circular buffer 
259. Following the storage of the perceptually weighted speech samples, 
Xp(n), and the storage of the -2b and bl values, sequences of weighted 
synthesized speech samples, yL(n), are provided to latch 210. The weighted 
synthesized speech samples, yL(n), are provided by latch 210 to the two 
inputs of multiplier 216, which produces the squares, (yL(n))2, of the 
weighted synthesized speech samples. Latch 210 also provides the weighted 
synthesized sp~ech samples, YL(n), to a first input of multiplier 218. RAM X 
212 provides the perceptually weighted speech samples, xp(n), ~hrough latch 
214, to a second input of multiplier 218. Multiplier 218 computes the 
pi:oduct values, Xp(n)yL(n). A new square, (yL(n))

2
, and a new product, 

xp(n)Ji(n), are computed each cycle by multipliers 216 and 218 respectively. 
The sample index, n, varies from 0 through Lp-l for each pitch lag, L. 
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The squares, (yL(n))2, of the weighted synthesized speech samples are 

provided to accumulator 221. The product values, Xp(n)yL(n), are provided 
to accumulator 231. Accumulator 221 computes the sum of the L, squares 
for each pitch lag, L. Accumulator 231 computes the sum of the L, product 
values for each pitch lag, L. 

Before each new pitch lag, latch 226 is provided with zero through 
multiplexer 224. Accumulator 221, is then ready to compute the 
autocorrelation, EyzYL, for the current pitch lag, L. In accumulator 221, the 
squares, (YL (n) )

2 
/ are provided to a first input of summer 222. A running 

total is provided by latch 226 to a second input _of summer 222. The newly 
computed running total is provided by summer 222, through multiplexer 
224, to latch 226 for storage. After the accumulation over all Lp values for 
pitch lag L, the autocorrelation, EyzYL, is provided to latch 228 for storage. 

Before each new pitch lag, latch 236 is provided with zero through 
multiplexer 234. Accumulator 231, is then ready to compute the cross- . 
correlation, ExPyL, for the current pitch lag, L. In accumulator 231, the 
product values, xp(n)yL(n), are provided "to a first input of summer 232. A 
running total is provided by latch 236 to a second input of summer 232. The 
newly computed running total is _provided by summer 232, through 
multiplex~ 234, to latch _236 for storage. After the accumulation over all Lp 
values for _pitch lag L, the cross-correlation, ExPyL, is provided to latch 238 
for storage. 

The MSE described by equation 47 is then computed in the two cycle 
process described below. 

In a first of two cycles, latch 23.8 provides the cross-correlation, ExPyL, 
between the perceptually weighted speech samples and the weighted 
synthesized speech samples through multiplexer 230 to a first input of 

· multiplier 240. Circular buffer 259 provides the scaled pitch gain value, -2b, 
to a second input of multiplier 240 through multiplexer 296. The product, 
-2bExPyL, is provided by multiplier 240 to a first input of summer 242. The 
second input of summer 242 is provided with zero though mu~tiplexer 246. 
The output of summer 242 is provided to latch 244 for storage. The values 
in la~ches 262 through 292 C?f circular buffer 259 are rotated by providing the 
output of latch 276 to latch 278 through multiplexer 294 and by providing 
the output of latch 292 to latch 262 through multiplexer 260. After this 
rotation, latches 262, 264, 266, 268, 270, 272, 274, 276, 278, 280, 282, 284, 286, 
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288, 290 and 292 contain the values previously contained in latches 292, 262, 
264, 266, 268, 270, 272, 274, 276, 278, 280, 282, 284, 286, 288, 290 respectively. In 

the pitch search a circular buffer is comprised of latches 262 through 292 and 

multiplexers 260 and 294 of circular buffer 259. By rotating the values in 
circular buffer 259, latch 292 provides -2b and bl in the first and the second 

cycles respectively. 

In a second of two cycles latch 228 provides the autocorrelation, EyiJL' 

of the weighted synthesized speech samples through multiplexer 230 to a 

first input of multiplier 240. Circular buffer 259 provides the scaled pitch 
gain value, bl, to a second input of ~ultiplier 240 through multiplexer 296. 

The product, blEYiYL' is provided by multiplier 240 to a first input of 
summer 242. The second input of summer 242 is provided with the output 
of latch 244, -2bExpJL, through multiplexer 246. Summer 242 provides 
-2bExPyL +bl EyiJL to latch 244 for storage. The values in latches 262 through 
292 of circular buffer 259 are then rot.ated as described above. 

The two cycle process described above is repeated for all eight pairs, 
(-2b,b2

), of scaled pitch gain values. During the two cycles following the 

calculation of the current MSE value, -2bExPYL +b2EyzYL, a new MSE value 
is being computed using a new pair of -2b and- b2 values. Before latch 244 is 

updated with the new MSE value, the current MSE value is compared to the 
current minimum MSE, stored in latch 250, for the current pitch subframe. 

The current MSE value, -2bExPYL + ~l EyiJL, is provided by latch 244 to the 
positive input of subtracter 248. Latch 250 provides the current minimum 
MSE value to the negative input of ·subtracter 248. Control 220 monitors the 
result of the difference output from subtracter 248. If the difference is 

negative, the current MSE value is a new minimum MSE for the current 

pitch subframe and is stored in latch 250, and the corresponding pitch lag 

es~ate, l, and pitch gain estimate index, b, are updated in control 220. If 
the difference is non-negative, the current MSE value is ignored. 

Before ~ach pitch subframe, DSP core 4 issues a command to 
minimization processor 334 informing control 220 that a new pitch 

subframe will follow. Upon receiving this command the current pitch lag 
and the current pitch gain index are set to 0 in control 220. Before each new 
sequence of weighted synthesized speech samples are provided to 

minimization processor 334, DSP core 4 issues a command to minimization 

processor 334, informing control 220 that a new sequence of weighted 
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synthesized speech samples will follow. Upon receiving this command, 
control 220 increments the current pitch lag and the current pitch gain index 
by 1, corresponding to a pitch lag increment of 1 and a pitch gain increment 
of O. 25. While the first sequence of weighted synthesized speech samples are 
being provided to minimization processor 334, the current pitch lag and the 
current pitch gain index will equal 1 corresponding to a pitch lag of L = 17, 
and a normalized pitch gain of b = 0.25. Also before each pitch subframe, the 
current pitch lag estimate, i., and the currE'.nt pitch gain estimate index, b, 
are set to zero, indicating an invalid pitch lag and pitch gain. During each 
pitch subframe, control 220 will detect the first negative MSE in latch 244. 
This value is stored in latch 250, and the corresponding pitch lag estimate, 
i., and pitch gain estimate index, b, are updated in control 220. This is done 
in order to initialize the minimum MSE in latch 250 each pitch subframe. 
Should no negative MSE value be produced during the pitch subframe, the 
pitch lag estimate, i., and the pitch gain estimate index, b, will be zero at the 
end of the subframe. These estimates _will be provided by control 220 to DSP 
core 4. If DSP core 4 receives an invalid pitch lag estimate, the optimal pitch 
gain is set to zero, b = 0, corresponding to zero MSE. With the pitch gain of 
the pitch filter set to zero, the pitch lag is of no consequence. If DSP core 4 
receives a valid pitch lag estimate, l, then this value is used as the optimal 
pitch lag, and the optimal pitch gain used will be 0.25, 0.5, 0.75, 10, 125, 
1.5, 1. 75 and 2.0 for pitch gain estimate indices of 1 through 8 respectively. 

In the p~tch search, the nature of the MSE function, MSE(L,b), of 
equation 47 allows computational savings to be achieved. The remaining 
MSE calculations of the current pitch lag may be aborted when it is 
determined that the remaining MSE values, yet to be computed within the 
current pitch lag, can not result in an MSE value which is less than the 
current minimum MSE stored in latch 250. In the exemplary embodiment, 
three techniques for computational savings in. the pitch search are 
employed in minimization processor 334. The MSE functions, MSE(L,b), 

are quadratic in b. One quadratic equation is formed for each pitch lag 
value, L. All of these quadratic equations pass through the origin, b = O and 
MSE(L,b)=O. The pitch gain value b=O is included in the set of possible 
gain values, .although it is not explicitly searched for in the pitch search 
operation. 
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The first computational savings method involves aborting the 
calculation of the MSE values in the pitch search pro~edure of the current 
pitch lag when ExPYL is negative. All pitch gain values are positive, 
insuring that zero is an upper bound on the minimum MSE for each 
subframe. A negative value of ExpJL would result in a positive MSE value 
and would therefore be sub-optimal. 

The second computational savings method involves aborting the 
calculation of the remaining MSE values in the pitch search procedure of 
the current pitch lag based on the quadratic nature of the MSE function. 
The MSE function, MSE(L,b), is computed for pitch gain values which 
increase monotonically. When a positive MSE value is computed for the 
current pitch la~ all remaining MSE calculations for the current pitch lag 
are aborted, as all remaining MSE values would be positive as well. 

The third computational savings method involves aborting the 
calculation of the remaining MSE values in the pitch search procedure of 
the current pitch lag based on the quadratic nature of the MSE function. 
The MSE function, MSE(L,b), is computed for pitch gain values whicl:l 
increase monotonically. When an MSE value is computed within the 
current pitch lag which is not determined to be a new minimum MSE, and 
when an MSE value has been computed within the current pitch lag which 
was determined to be a new minimum M~E, all remaining MSE 
calculations within the current pitC:h lag are aborted, as the remaining MSE 
values can not be less than the new minimum MSE. The three 
computational savings methods described above provide significant power 
savings in minimization processor 334. 

In block 76 , the pitch values are quantized. For each pitch subframe, 
the. chosen parameters, b and l, are converted to transmission codes, 
PGAIN and PLAG. The optimal pitch gain index b, is an integer value 
between 1 and 8 inclusive. The optimal pitch lag, i, is an integer value 
between 1 and 127 inclusive. 

The value of PLAG depends upon both b and i. If b = O, then PLAG 
= 0. Otherwise, PLAG = i. Thus, PLAG is represented using seven bits. If 
b=O, then PGAIN = 0. Otherwise, PGAIN = b-1. Thus, PGAIN is 
represented using three bits. Note that both b = O and b = 1 result in PGAIN 
= 0. These two cases are distinguished by the value of PLAG, which is zero 
in the first and non-zero in the second case. 
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Except for eighth rate, each pitch subframe encompasses two 
codebook subframes. For each codebook subframe the optimal codebook 
index, i, and the optimal codebook gain, G, are determined in the codebook 
search procedure of block 80. For eighth rate, only one codebook index and 
one codebook gain are determined and the codebook index is discarded 
before transmission. 

Referring to figure 9, in the exemplary embodiment, the excitation 
codebook provided by codebook 400 consists of 2M code vectors, where 
M=1. 

The circular codebook, in the exemplary embodiment:, consists of the 
128 values given in Table IV below. The values are in signed decimal 
notation and are stored in ROME 114. 
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Table IV 

n 0 1 2 3 4 5 6 7 8 9 10 1 1 12 13 14 15 

c(n) 0.0 -2.0 0.0 -1.S 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 o.o 0.0 

n 16 17 18 19 20 21 22 23 24 25 26 27 28 29 30 31 

c(n) 0.0 -1.5 -1.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 o.o 2.5 

n 32 33 34 35 36 37 38 39 40 41 42 43 44 45 46 47 

c(n) 0.0 0.0 0.0 0.0 0.0 0.0 2.0 o:o 0.0 1.5 1.0 0.0 1.S 2.0 0.0 0.0 

n 48 49 so 51 52 53 54 55 56 51 58 59 60 61 62 63 

c(n1 o.o. 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 1.5 0.0 0.0 

n 64 65 66 61 68 69 70 71 72 73 74 75 16 77 78 79 

c<n1 -1.5 1.5 0.0 0.0 -1.0 0.0 1.5 0.0 0.0 0.0 0.0 0.0 0.0 0.0 -2.5 0.0 

n 80 81 82 83 84 85 8.6· 87" 88 89 90 91 92 93 94 95 

c(n) 0.0 0.0 0.0 1.5 0.0 0.0 0.0 1.5 0.0 0.0 0.0 0.0 0.0 0.0 0.0 2.0 

D 96 97 98 99 100 101 102 103 104 105 106 107 108 109 110 111 

c(n) 0.0 o.o 0.0 0.0 0.0 0.0 0.0 0.0 0.0 1.5 3.0 -1.5 -2.0 0.0 -1.5 -1.5 

n 112 113 114 115 116 117 118 119 120 121 122 123 124 125 126 127 

c(n) 1.5 -1.5 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 

The method used to select the codebook vector index I and codebook 
gain G is an analysis-by-synthesis method similar to that used for the pitch 
search procedure. The chosen codebook index i and the chosen codebook 
gain G, are the allowable values of i and G which minimize the mean 
square error MSE(l,G) of equation 50, between the weighted synthesized 
spee~h y1(n) and the perceptually weighted s,peech with pitch estimate 
removed, xC:(n). Referring to figure 9, the weighted speech, Xc(n), is 
generated as follows. The same perceptually weighted speech, x(n), 

generated in pitch search for the current subframe is used here. Due to the . 
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absence of pitch search in the eighth rate, x(n) is generated in the codebook 
search for this rate. x(n) is provided to a first input of summer 410. Using 
the optimal pitch lag, i, and optimal pitch gain, b, which were extracted in 
the pitch search for the current subframe, and the current state memories of 
the pitch filter 506, the ZIR of the pitch synthesis filter 506, p:V(n), is 
computed in ZIR element 406. The ZIR is then passed through weighted 
synthesis filter 408 and the output pazir(n) is subtracted fromx(n) in summer 
410. The output of summer 410, Xc(n), is normalized and provided to 
minimization processor 412. 

The codebook vector C1(n) is provided by codebook 400 in response to 
a codebook index, I, in accordance with equation 53. Impulse response, h(n), 

of weighted synthesis filter 404, already determined in the pitch search 
procedure for the current pitch subframe is used in the exemplary 
embodiment. In the eighth rate, however, h(n) is computed in the 
codebook search in weighted synthesis filter 404. In the exemplary 
embodiment, the impulse response, h(n), is truncated to the first 20 samples. 

Due to ·the recursive nature of the codebook, a recursive convolution 
procedure similar to that used in the pitch search is used in the codebook 
search. The·convolution is computed as shown in equation 52 below. 

19 

y1(n) = Lh(i)C1(n-i), 0S1 < 128, 0 Sn < Le. 
i•O 

The codebook vector for index I, C1(n), is defined shown in equation 53 
below. 

C (n)={c((n-I)mod128) 
1 c(128+(n-l)) 

n-:-1~0 

n-1«0 
0 S I< 128, 0 Sn < Le 

A full convolution is performed for index I= O in accordance with equation 
54. The output y0 (n) is stored in RAM C 182. For the remaining indices, I= 
1 to~= 127, the convolution is performed recursively as shown in equations 
55-57 below. · 

(52) 

(53) 
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y0 (n) = h(n) • C0 (n) = Lh(i)C0 (n -i), O:Sn<Lc (54) 
iaO 

{ 

h(O)C1(0) 

y,(n)= y1_1 (n-l)+h(n)C,(n) 

Y1-1 (n-1) 

n = 0, 1 S I < 128 

1 Sn< 20,1 :S I< 128 

20 Sn,< Lc,l SI< 128 

. As in the pitch search, the performance of the codebook search 
recursive convolution is optimized by the triple partitioned RAMs and a 
ROM E 114 in DSP core 4. 

Computing the convolution values in equation 56, and producing a 
result each clock cycle is then possible. For example, in a single cycle, y11(10) 
is calculated, y11 (9) is stored, y17(10) is fetched, and h(lO) is fetched. Thus, 
equation 56 above can produce a result each clock cycle. Producing a result 
each clock cycle for equation 57 above is also possible. For example, in a 
single clock cycle, y11 (24) is computed, y17 (24) is fetched, and y18 (23) is stored. 

The ability to perform equations 56 and 57 without the need to move 
the previously calculated weighted synthesized speech samples y1_1 (n -1). to 
the same source RAM between each codebook index update requires a 
storage strategy and hardware capability referred to as ping-panging in 
which the· source and destination RAMs a swapped between each index 
update. When computing y1(n) for even codebook index values, y,_1 (n -1) 
values are fetched from a first of three RAMs and results are stored in a 
second of three RAMs. When computing y,(n) for odd codebook index 
values, y1_1 (n -1) values are fetched from a second of three RA.Ms and 
results are s~ored in a first of three RAMs. This ping-panging eliminates the 
need to move the previously calculated y1_1 (n -1) values to the same RAM 
between each codebook index update. 

Figure 10 is a flow diagram for the execution of the recursive 
convolution portion (both initial non-recursive and recursive 
convolutions) of the codebook search in t:11e exemplary embodiment. In 
block 414, the codebook index, I, is initialized to its lowest value whic;h is O 
in the exemplary embodiment. The sample number, n, and the index, m, 
are set to ze~o, and the values of Yo (n) are set to zero. Blocks 416 through 
424 form the initial convolution loop which is computed in a non-recursive 
manner. The computation of the initial convolution, where/=0, is 
performed in accordance with equation 58 below. 

(SS) 

(56) 
(57) 
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y0(n) = _Lh(i)C0(n-i), 0Sn<4: (58) 
i•O 

The computation of the initial convolution uses fixed length loops to 

reduce computational complexity. In this manner, the overhead required to 

set up a variable length loop structure within the inner loop (blocks 320-324) 
of equation 58 is avoided. Each y0 (n) value is sent to minimization 

processor 412 after it is computed. 
Block 416 tests the sample index, n. If n is equal to the codebook 

subframe length, Le, then the first convolution is complete and flow 

continues to block 426. If, in block 416, n is less than the codebook subframe 

length, then flow continues to block 420. Block 420 tests index, m. If m is 

equal to the filter impulse ~esponse length, 20, in the exemplary 
embodiment, then the current iteration is complete and flow continues to 
block 418 where mis set to 0 and n is incremented. Flow then returns to 
block 416. If, in block 420, m is less than the filter impulse response length, 
20, then flow continues to block 424 where the partial sums are 

accumulated. Flow continues to block 422 where the index, m, is 

incremented and the flow proceeds to block 420. 
The operations involved in the initial convolution loop formed by 

blocks 414 to 424 are performed in DSP core 4 where appropriate pipelining 

is provided to allow the accumulation of products as shown in block 424. 

The following operations illustrate the pipelining of the computations and 
occur in DSP core 4 in a single clock cycle. The filter response value, h(m + 1), 

is fetched. from RAM A 104 and provided to AREG 130. The codebook 

vector value, C1(n), is fetched from ROM E, 114, and provided to BREG 134. 
The partial sum, y0 (n+m-1), residing in COREG 164 is provided to RAM C 
182 through multiplexers 168 and 1~0. The partial sum y0 (n+m+1), is 

.. : 

provided by RAM C 182 and to DREG 156. The values, h(m) and C1(n), in 

AREG 130 and ·BREG 134 respectively are provided to multiplier 132. The 

output of multiplier 132 is provided through multiplexer 138 and disabled 
barrel shifter 140, to a first input of summer 146. The partial suin., y0 (n+ m), 

is proyided by DREG 156 through multiplexer 154, disabled inverter 152 and 
. . 

disabled barrel shifter 150, to a second input of summer 146. In the 

exemplary embodiment, the center clipped Gaussian codebook C,(n) 

contains a majority of zero values. To take advantage of this situation, as a 
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power saving feature, DSP core 4 first checks to see if the codebook vector is 

zero in block 424. If it is zero, the multiplication and addition step, 
normally performed in block 424 and explained above, are skipped. This 
procedure eliminates multiplication and addition operations roughly 80% 
of the time thus saving power. The output of summer 146 is provided 
through multiplexer 148 to COREG 164. This value in COREG is then 
provided through multiplexers 168 and 180 to RAM C 182. When index n 

reaches its maximum allowable value in block 416, the initial convolution 
is complete and the partial sums present in RAM C 182 are now the final 
result of the convolution. 

When the initial convolution is complete, flow continues to block 
426 where recursive convolution is performed- in the calculations for the 

remaining codebook index values. 
In block 426, the sample index, n, is set to zero and the codebook 

index, I, is incremented. Flow continues to block 428. Block 428 tests I. If I 
is greater than or equal to 128, the ~aximum codebook index value, in the 
exemplary embodiment, then flow continues to block 430, where the 
codebook search operation terminates. HI is less than or equal to 127 then 
flow continues to block 432. Block 432 controls the ping-panging operation 
described previously. In block 432, I is tested to determine if it is even or 
odd. H I is even, then flow contin~es "to bi~~k 442 (operation described as 
Case I). If I is odd, then flow continues to block 434 (operation described as 
Case Il). 

Case I: (even values of codebook index,. I ) 

In block 442, y1(0) is computed in accordance with equation 55. 
Address unit A 102 provides an address value to RAM A 104, which in 
response provides · h(O) through multiplexer 108 to AREG 130. In the same 

clock cycle address unit E 112 provides an address value to ROM E 114, 
which in response provides C1(0) through multiplexer 116 to BREG 134. 
During the next cycle AREG 130 provides h(O) and BREG 134 provides. C1(0) 
to multiplier 132, where the two values are multiplied and the product is 
provided through multiplexer 138 and ~ough disabled barrel shifter 140 to 
a first input of summer 146. The second input of summer 146 is provided 
with zero through multiplexer 154, disabled inverter element 152, and 
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barrel shifter 152. The output of summer 146 is provided to COREG 164 
through multiplexer 148. During the same clock cycle y1_1 (0) and h(l) are 

fetched from RAM B 122 and RAM A 104 and provided to DREG 156 and 

AREG 130 through multiplexers 158 and 100 respectively. 

In block 444, the synthesized speech sample index, n, is incremented. 

In control block 446, if the synthesized speech sample index, n, is less than 

20, then flow proceeds to block 448. 
In block 448, a new "y1(n) is .computed each clock cycle in accordance 

with equation 56. Appropriate setup, required prior to the first iteration of 
block 448 in order to initialize the values of y1_1 (n-1) and h(n) was achieved· 

in block 442 as described above. Appropriate cleanup is also required 

subsequent to the last iteration of block 448 in order to store the final value 

~~~- . 
In the first iteration of block 448, y1(0), computed in block 442 is 

present in COREG 164. COREG 164 provides y1(0) through multiplexers 168 

and 180 to RAM C 182 for storage, with address value provided to RAM C 

182 from address unit C 186. y1(0) is provided to minimization processor 412 

at the same time it is provided to RAM C 182. 

In block 448, the following operations _are performed in a single clock 
cycle. The y;_1 (n) value is provided by RAM B 122, in accordance with an 

address provided by address unit B 120, through ~ultiplexer .,. 158 to 

DREG 156. The impulse response v~lue, h(n+1), is provided by RAM A 104, 

in accordance with an address provided by address unit A 102, through 
multiplexer 108 to AREG 130. DREG 156 provides y1_1(n-1) through 

multiplexer 154, disabled inverter element 152, and barrel shifter 150, to a 

first input of summer 146. AREG 130 provides h(n) and BREG 134 provides 

C1(n) to multiplier 132, where the two values are multiplied and the 

product is provided by multiplier 132 through multiplexer 138, through 

disabled barrel shifter 140, to a second input of summer 146. The output of 

summer 146 is.provided through multiplexer 148 to COREG 164. The value 

in COREG 164, computed in the previous iteration, is provided through 

multiplexers 168 and ·180 to RAM C 182 for storage and to 'minimization 
processor 412. 

· In control block 446, if the synthesized speech sample index, n, is 

equal to 20, then y,(19), computed in the final iteration, is provided 

through. multiplexers 168 and 124 to RAM B 122, for storage in a circular 



buffer and to the minimization processor 412, before flow proceeds to block 

454. 

End of Case I 

Case II: Codd yalues of codebook index, I) 
In block 434, y1(0) is computed in accordance with equation 55. 

Address unit A 102 provides an address value to RAM A 104, which in 
response provides h(O) through multiplexer 108 to AREG 130. In the same 
clock cycle, address unit E 112 provides an address value to ROME 114, 
which in response provides C1(0) through multiplexer 116 to BREG 134. 
During the next cycle AREG 130 provides h(O) and BREG 134 provides C1(0) 
to multiplier 132, where the two values are multiplied and the product is 
provided through multiplexer 138 through disabled barrel shifter 140 to a 
first input of summer 146. The second input of summer 146 is provided 
with zero through multiplexer 154, disabled inverter element 152, and 
barrel shifter 152. The output of summer 146 is provided to COREG 164 
through multiplexer 148. During the same clock cycle y1_1 (0) and h(l) are 
fetched from RAM C 182 and RAM A 104 and provided to DREG 156 and 
AREG 130 through multiplexers 158. and 100 respectively. 

In block 436, the synthesized speech sample index, n, is incremented. 
In control block 438, if the synthesized speech sample index, n, is less than 
20, then flow proceeds to block 440. 

In block 440, a new y1(n) value is computed each clock cycle in 
accordance with equation 56. Appropriate setup, required prior to the first 
iteration of block 440 in order to initialize the values of y1_1 (n) and h(n) was 
achieved in block 434 as described above. Appropriate cleanup is also 
required subsequent to the last iteration of block 440 in order to store the 
final value of y1(19). 

In the first iteration of block 440, y1(0), computed in block 434, is 
present in COREG 164. COREG 164 provides y1(0) through multiplexers 168 
and 124 to RAM B 122 for storage, with address value provided to RAM B 
122 from address unit B 120. y1(0) is provided to minimization processor 412 
at th~ same time it is provided to RAM B 122. 

In blcick 440, the following operations are performed in a single clock 
cycle. The y,_1 (n) value is provided by RAM C 182, in accordance with an 
address provided by address unit C 186, through multiplexer 158 to DREG 
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156. The impulse response value, h(n + 1), is provided by RAM A 104, in 
accordance with an address provid.ed by address unit A 102, through 
multiplexer 108 to AREG 130. DREG 156 provides y1_1 (n-1), through 
multiplexer 154, disabled inverter element 152, and barrel shifter 150, to a 
first input of summer 146. AREG 130 provides h(n) and BREG 134 provides 
C1(n) to multiplier 132, where the two values are multiplied and the 
product is provided by multiplier 132 through multiplexer 138 through 
barrel shifter 140 to a second input of summer 146. The output of swnmer 
146 is provided through multiplexer 148 to COREG 164. The value in COREG 
164, computed in the previous iteration, is provided through multiplexers 
168 and 124 to RAM B 122 for storage and· to minimization processor 412. 

In block 436, the synthesized speech sample index, n, is incremented. 
In control block 438, if the synthesized speech sample index, n, is equal to 
20, then y1(19) computed in the final iteration, is provided through 
multiplexers 168 and 124 to RAM B_ 122 for storage in a circular buffer 
within RAM B 122, and to minimization processor 412, before flow proceeds 
to block 454. 

End of Case II 

Prior to the first iteration of block 454, y1_1(19) is fetched from the 
circular buffer in RAM B 122 and loaded into· BREG 134. y1_1 (19) is then 
moved from BREG 134 to COREG 164, after which y1_1 (20) is fetched _from 
the circular buffer in RAM B 122 and loaded into BREG 134. 

In block 454, a new y1 (n) is computed each clock cycle in accordance 
with equation 57. The following operations are performed in a single clock 
cycle. y,_1(n-2)is provided by BREG 134 to COREG 164. y1_1(n-3) is fetched 
from the circular buffer within RAM B 122 and loaded into BREG 134. 
y1_1(n -1) present in COREG 164 is presented to minimization processor 412. 
Following the last iteration of block 454, y1_1 (4: -2) is deleted from the 
circular buffer within RAM B 122. By adding an element to and deleting an 
element from the circular buffer within RAM B 122 each codebook index, 
the size of this circular buffer is maintained at 4: -19. 

· The implementation of the Circular buffer within RAM B 122 is 
accomplished through special address registers in address unit B 120, which 
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dictate the wrap around points so that a sequential memory can be 
addressed automatically in a circular fashion. 

In block 450, the synthesized speech sample index, n, is incremented. 
In control block 452, if the synthesized speech sample index, n, is less than 
4:, then flow proceeds again to block 454. If the synthesized speech sample 
index, n, is equal to 4:, then all y1(n) values have been computed for the 
current codebook index value, I, and flow returns to block 426. 

Prior to the calculation of the synthesized speech samples, y,(n), a 
sequence of length 4: of perceptually Weighted speech Samples, Xc(n), are 
provided to minimization processor 412. As described previously, 
sequences of synthesized speech samples ,y1(n), of length Le for codebook 
vector index values I= 0 through I= 127 are provided to minimization 
processor 412 during the initial and recursive convolution calculations. 
The synthesized speech samples are provided sequentially to minimization 
processor 412. Minimization processor 412 calculates the autocorrelation of 
each synthesized speech sample sequence, y1(n), and the cross-correlation 
between each synthesized speech sample sequence, y1(n), and the sequence 
of perceptually weighted speech samples, xc(n). From these correlation 
values, minimization processor 412 then calculates a relative measure of 
the MSE between each synthesized speech sample sequence, y1(n), and the 
sequence of perceptually weighted· speech samples,xc(n). For each codebook 
vector index, I, the MSE is calculated for all possible codebook gain values, 
G, of the synthesized speech sample sequence. Minimization processor 412 
finds the minimum MSE over all codebook vector index values, I, and all 
possible .-codebook gain values, G, by maintaining the value of the 
minimum MSE through the current codebook vector index, I, and the 
current codebook gain, G. The codebook vector index estimate, l, and 
codebook gain index estimate, G, corresponding to the minimum MSF, are 
also maintained by minimization processor 412. Each new MSE value is 
compared to the MSE minimum maintained in minimization processor 
412. If the new MSE is less than the minimum MSE, then the minimum 
MSE is replaced by the new MSE value and the codebook' vector index 
estimate,i, and the codebook gain estimate index, G, are updated to reflect 
the new minimum MSE. The minimum MSE and corresponding codebook 
vector index estimate, l, and codebook gain estimate index, G, maintained 
in minimization processor 412 are initialized each codebook subframe using 
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the first MSE value calculated during that codebook subframe. After all 
codebook vector indices, I, and all codebook gain values, G, are exhausted, 
the codebook vector index estimate,i, and the codebook gain estimate 
index, G, will be the optimal codebook vector index and the optimal 
codebook gain index respectively for the current codebook subframe. 
Minimization processor 412 provides the optimal codebook vector index, i, 
and the optimal codebook gain estimate index, G, to DSP core 4 through 
inports 12. The optimal codebook vector index, l, and the . optimal 
codebook gain estimate index, G; are those which result in the minimum 
MSE between the perceptually weighted speech samples, xc(n), and the 

weighted synthesized speech samples:· y1(n). The MSE is a function of 
codebook index, I, and codebook gain, G, as described by equations 59 
through 61 below. 

Lc-1 
MSE(l,G)= I,(xc(n)-Gy1(n))

2 
(59) 

11•0 
Le~ Le~ Le~ 

= ~)xc(n))2-2GI,(xc(n)y1(n))+G2 L(Y1(n))2 
11=0 11=0 11=0 

= Exc.:tc. ~ 2GExcY1 + G2 
EY1Y1 

(60) 

(61) 

Excxc is the autocorrelation of the perceptually weighted speech 
samples, Xc(n). Excy1 is the cross-correlation between the perceptually 
weighted speech samples, xc(n), and the weighted synthesized speech 

samples, y1(n). Ey1y1 is the autocorrelation of the perceptually weighted 
synthesized speech samples, y1(n). 

The . autocorrelation, ExcXc, of the perceptually weighted speech 
samples, Xc(n), is not a function of codebook gain, G. Excxc remains 

constant during each codebook subfram~ and therefore does not influence 
the selection of the optimal codebook vector index and the optimal 
codebook gain. Minimization of equations 59 through 61 over codebook 
vector index, I, and codebook gain, G, is equivalent to minimization of 
equation 62 below. 

MSE(I, G) = -2GExcY1 + G2 Ey1y1 

Minimization processor 412 computes the autocorrelations, Ey1y1, of 
the weighted synthesized speech sample sequences, y1(n), and the cross-

(62) 
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correlations, Excy1, between the perceptually weighted speech sample 
sequence, Xc(n), and the weighted synthesized speech sample sequences, 
y1(n). For each correlation pair, (Excy1,Ey1y1 ), minimization processor 412 

computes the relative MSE, according to equation 62 above, for a set of 
values of codebook gain, G. · The calculation of the correlations, ExcYi and 

Ey1y11 are performed simultaneously in minimization processor 412. The 
relative MSE values are calculated and the decisions regarding MSE 
minimization are made for codebook vector index I while the correlation 

values are being calculated for codebook vector index I+ 1. 
Figures 6a and 6b illustrate an exemplary embodiment of 

minimization processor 412. The perceptually weighted speech samples, 
Xc(n), are provided by DSP core 4 to latch 210, for storage in RAM X 212 in 

accordance with an address provided by control· 220. Two sets of codebook 

gain values are provided by DSP core 4 to minimization processor 412. One 
set is for positive codebook gain values, G, and a second set is for negative 
codebook gain values, -G. In full rate and half rate, scaled codebook gain 

values, -2G, for G=-4.0dB. through G=+8.0dB in steps of +4.0dB, are 
provided by DSP core 4 through multiplexer 260, for storage in latches 292, 
288, 284 and 280 respectively. In quarter rate and eighth rate, scaled 

codebook gain values, -2G, for G=-4.0dB through G=+2.0dB in steps of 
+2. OdB, are provided by DSP core 4 ~ough multipl~xer 260, for storage in 

latches 292, 288, 284 and 280 respectively. Corresponding scaled codebook 

gain values, G2
, are provided through multiplexer 260, for storage in latches 

290, 286, 282, and 278 respectively. In full rate and half rate, scaled codebook 

gain values, 2G, for G=-4.0dB through G=+8.0dB in steps of +4.0dB, are 

provided through multiplexer 260, for storage in latches 276, 272, 268 and 
264 respectively. In quarter rate and eighth rate, scaled codebook gain values, 

2G, for G=-4.0dB through G=+2.0dB in steps of +2.0dB, are provided 
through multiplexer 260, for storage. in latches 276, 272, 268 and 264 

respectively. C_orresponding scaled codebook gain values, G2
, are provided 

through multiplexer 260, for storage in latches 274, 270, 266, and 262 

respectively. Multiplexer 260 provides values directly to latch 262. ·tatch 

262 provides values directly to latch 264. Latch 276 provides values to latch 
278 through multiplexer 294. Latch 290 provides values directly to latch 292 

and so on. Shifting values through latches 262 through 292 and multiplexer 
294 allows values to be provided through multiplexer 260 to all latches 
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within circular buffer 259. In the codebook search, two circular buffers are 

provided within circular buffer 259. Following the storage of the 
perceptually weighted speech samples, xc(n), and the storage of the 

codebook gain values, sequences of weighted synthesized speech samples, 

y1(n), are provided to latch 210. The weighted synthesized speech samples, 

y1(n), are provided by latch 210 to the two inputs of multiplier 216, which 

produces the squares, (y,(n))2
, of the weighted synthesized speech samples. 

Latch 210 also provides the weighted synthesized speech samples, y1.(n), to a 

first input of multiplier 218. RAM X 212 provides the perceptually 
weighted speech samples, xc(n), through latch 214, to a second input of 

multiplier 218. Multiplier 218 computes the product values, xc(n)y1(n). A 

new square, (y1(n))2
, and a new product, Xc(n)y1(n), are computed each cycle 

by multipliers 216 and 218 respectively. The sample index, n, varies from 0 

through 4: -1 for each codebook vector index, /. 

The squares, (y1(n))2, of the weighted synthesized speech samples are 

provided to accumulator 221. The product values, Xc(n)y1(n), are provided 

to accumulator 231. Accumulator 221 computes the sum of the Le squares 

for each codebook vector index, I. Accumulator 231 computes the sum of 
the Le product values for_ each codebook vector index, I. _ 

Before each new codebook vector index, latch 226 is provided with 

zero through multiplexer 224. Accumulator 221 is then ready to compute 

the autocorrelation, Ey1y1, for the current codebook vector index, I. In 

accumulator 221, the squares, (y1(n))2
, are provided to a first input of 

summer 222. A running total is provided by latch 226 to a second input of 

summer 222. The newly computed running total is provided by summer 

222, ·through multiplexer 224, to latch 226 for storage. After the 

accumulation over all 4: values for codebook vector index I, the 

autocorrelation, Ey1y1, is provided to latch 228 for storage. 

Before each new codebook vector index, latch 236 is provided with 

zero through multiplexer 234. Accumulator 231, is then ready to compute 

the cross-correlation, Excy1, for the current codebook vecto~ index, I. In 

accumulator 231, the product values, xc(n)y1(n), are provided to a first ·input 

of summer 232. A running total is provided by latch 236 to a second input 

of suinmer 232. The newly computed running total is provided by summer 

232, through multiplexer 234, to latch 236 for storage. After the 



- SS -

accumulation over all 4: values for codebook vector index I, the cross­
correlation, Excy11 is provided to latch 238 for storage. 

The MSE described by equation 62 is then computed in the two cycle 
process described below. 

In a first of two cycles, latch 238 provides the cross-correlation, Excy1, 

between the perceptually weighted speech samples and the weighted 
synthesized speech samples through multiplexer 230 to a first input of 
multiplier 240. Control 220 monitors ExcYi provided by latch 238. H ExcYr is 
non-negative then latch 292 provides the scaled codebook gain value, -2G, 

to a second input of multiplier 240 through multiplexer 296. The product, 
-2GExcy1, is provided by muitiplier 240 to a first input of summer 242. If 

ExcYi is negative then latch 276 provides the scaled codebook gain value, 

2G, to a second input of multiplier 240 through multiplexer 296. The 
product, 2GExcy1, is provided by multiplier 240 to a first input of summer 

242. The sec~nd input of summer 242 is provided with zero though 
multiplexer 246. The output of summer 242 is provided to latch 244 for 
storage. The sign of ExcYi is stored in control 220. Signs of one and zero for 
Excy1 correspond to negative and non-negative values of ExcYi respectively. 

The values in latches 262 through 276 are rotated by providing the output of 
latch 276 to latch 262 through multiplexer 260. After this rotation, latches 
262, 264, 266, 268,· 270, 272, 274 an~ 276 contain the values previously 
contained in latches 276, 262, 264, 266, 268, 270, 272 and 274 respectively. The 
values in latches 278 through 292 are rotated by providing the output of 
latch 292 to latch 278 through multiplexer 294. After this rotation, latches 
278, 280, 282, 284, 286, 288, 290 and 292 contain the values previously 
contained in latches 292, 278, 280, 282, 284, 286, 288, and 290 respectively. 
One circular buffer is comprised of latches 262 through 276 and multiplexer 
260. A second circular buffer is comprised of latches 278 through 292 and 
multiplexer 294. By rotating the values within a first of two circular buffers 
in circular buffer 259, latch 292 provides -2G and G2 in the first and the 
second cycles respectively. By rotating the values within a second of two 
circular buffers in circular buffer 259, latch 276 provides 2G and G2 in the 
first and the second cycles respectively. For each pair of correlation and 
cross•correlation values, only one set of codebook gain pairs is provided by 
circular buffer 259. The set of codebook gain pairs is provided by the circular 
buffer comprised of latches 262 through 276 and multiplexer 260 for 
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negative values of ExcYi· The set of coQebook gain pairs is provided by the 

circular buffer comprised by latches 278 through 292 and multiplexer 294 for 
non-negative values of ExcYI' 

In a second of two cycles latch 228 provides Ey1y1 through multiplexer 
230 to a first input of multiplier 240. Through multiplexer 296, latches 276 
and 292 provide the codebook gain value, G2

, to a second input of 
multiplier 240 for negative and non-negative values of ExcYi respectively. 

The product, G2 Ey1y1, is provided by multiplier 240 to a first input of 
summer 242. The second input of summer 242 is provided with the output 
of latch 244, ±2GExcYr, though multiplexer 246. Summer 242 provides 
±2GExcYr + G2 Ey1y1 to latch 244 for storage. The values in latches 262 

through 292 of circular buffer 259 are then rotated as described above. 
The two cycle process described above is repeated for all four 

pairs,(±2G,G2
), of codebook gain values for each codebook index, J. During 

the two cycles following the calculation of the current MSE value, 
±2GExcy1 +G2Ey1y1, a new MSE value.is being computed using the next pair 

of ±2G and G2 values. Before latch 244 is updated with the new MSE value, 
the current MSE value is compared to the minimum MSE for the current 
codebook subframe, stored in latch 250. The current MSE value, 
±2GExcy1 +G2Ey1y1, is provided by latch 244 to the positive input of 

subtracter 248. Latch 250 providt::s the current minimum MSE value to the 
negative input of subtracter 248. Control 220 monitors the resulting 
difference output from subtracter 248. If the difference is negative, the 
current MSE value is a new minimum MSE for the current codebook 
subframe .and is stored in latch 250, and the corresponding codebook vector 
index estimate, i, and cod~book gain estimate index, G, are updated in 
control 220. If the difference is non-negative, the current MSE value is 
ignored. 

Before each codebook subframe, . DSP core 4 issues a command to 
minimization processor 412 informing control 220 that a new codebook· 
subframe will follow. Upon receiving this command the current codebook 
vector index and the current.codebook gain index are set to 0 in control 220. 
Before each new sequence of weighted synthesized speech samples are 
provided to minimization processor 412, DSP core 4 issues a command to 
minimization processor 412, informing control 220 that a new sequence of 
weighted synthesized speech samples will follow. Upon receiving this 
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command, control 220 increments the current codebook vector index and 
the current codebook gain index by 1, corresponding to a codebook vector 
index increment of 1 and a codebook gain increment of 2dB or 4dB 

depending on the rate. While the first sequence . of weighted synthesized 
speech samples are being provided to minimization processor 412, the 
current codebook vector index and the current codebook gain index will 
equal 1, corresponding to a codebook index vector of 0 and a codebook gain 

. of G = -8dB or G = -4dB depending on the rate. During each codebook 
subframe, the first MSE value is stored in latch 250, and the corresponding 
codebook vector index estimate, i, and the codebook gain estimate index, 
G, are updated in control 220. This is done in order to initialize the 
minimum MSE in latch 250 each codebook subframe. The codebook vector 
index .and the codebook gain index corresponding to the minimum MSE 
estimates will be provided by control 220 to DSP core 4 along with the sign 
of the cross-correlation, ExcYu corresponding to the minimum MSE. 
Should DSP core 4 r~ceive a zero for the sign of ExcYr it will set the optimal 
codebook gain to G. Should DSP core 4 receive a one for the sign of Ex.cy1, it 
will set the optimal codebook gain to -G. DSP core 4 uses the codebook 
vector index estimate and the codebook gain estimate index provided by 
control 220 to determine the optimal codebook vector and the optimal 
codebook gain. For full rate and half rate the optimal codebook gain,G, is 
-4dB, OdB, +4dB and +SdB for codebook gain indices G = 1 through G = 4, 
respectively. For quarter rate and eighth rate the optimal codebook gain,G, 
is -4dB, -2dB, OdB and +2d.B for codebook gain indices G = 1 through G = 4 
respectively. 

In the codebook search, the nature of the MSE function, MSE(l,G), of 
equation 62 allows computational savings to be achieved. The remaining 
MSE calculations for the current codebook vector may be aborted when it is 
determined that the remaining MSE values, yet to be computed for the 
current codebook vector, can not result in an MSE value which is less than 
the current minimum MSE stored in latch 250. In the exemplary 
embodiment, three techniques for computational savings in the codebook 
search are employed in minimization processor 412. The MSE functions, 
MSE(l.G), are quadratic in G. One quadratic equation is formed for each 
codebook vector index, I. All of these quadratic equations pass through the 
origin, G = 0 and MSE(l, G) = 0. 
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The first computational savings method involves searching over 
either positive or negative codebook gain values depending on the sign of 
ExcYi· A negative value of ExcYi and a negative gain value will result in a 
negative value for the term -2GExcYr of equation 62. A positive value of 
ExcYr and a positive gain value will also result in a negative value for the 
term -2GExcy1 of equation 62. Because the term G2Ey1y1 'of equation 62 is . 
always positive, a negative value of the term -2GExcYr will tend to , 
minimize the MSE. Two sets of codebook gain pairs are provided to circular 
buffer 259, one with positive codebook gain values and the second with 
negative codebook gain values. In this manner, only four pairs of gain 
values need to be used instead of eight gain pairs for each codebook vector 
index, I. 

The second computational savings method involves aborting the 
calculation of the remaining MSE values in the codebook search procedure 
of the current codebook vector based on the quadratic nature of the MSE 
function. The MSE function, MSE(l, G), is computed for codebook gain 
values which increase monotonically. When a positive MSE value is 
computed for the current codebook vector, all remaining MSE calculations 

. . .. 
for the current codebook vector are aborted, as the corresponding MSE 
values will be greater than the current MSE value. 

The· third · computational savings method involves aborting the 
calculation of the remaining MSE values in the codebook search procedure 
of the current codebook index vector based on the quadratic nature of the 
MSE function. The MSE function, MSE(l,G), is computed for codebook gain 
values which increase monotonically. When an MSE value is computed 
within the current codebook vector which is not determined to be a new 
minimum MSE, and when an MSE value has been computed within the 
current codebook vector which was determined to be a new minimum 
MSE, all remaining MSE calculations within the current codebook vector 
are aborted, as the remaining MSE values can not be less than the new 
minimum MSE. The three computational savings methods described 
above provide significant power savings in minimization processor 412. 

In block 84 the codebook values are quantized. Block 86 checks if all 
codebook subframes are processed. If all codebook subframes have not been 
processed then flow returns to block 80. If all codebook subframes have 
been processed, then flow proceeds to block 88. Block 88 checks if all pitch 
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subframes have been processed. If all pitch subframes have not been 
processed then flow returns to block 70. If all pitch subframes have been 
processed then flow proceeds to block 90. · 

In block 90, the encoded results are packed in a specific format. At full 
rate, 22 bytes of data are read by a microprocessor (not shown). 10 bytes are 
read at half rate, 5 at quarter rate, and 2 at eighth rate. At full rate, 11 parity 
check bits are generated to provide error correction and d.etection for the 18 
most important bits of the full rate data. 

The encoder, at th~ transmitter, must maintain the state of the 
decoder, at the receiver, in order to update the filter memories, which are in 

turn used by the encoder in the pitch and codebook search procedures. In 
the exemplary embodiment, the encoder contains a version of the decoder 
which, is used after every codebook subframe. 

The following decoding operations are performed in DSP core 4 as a 
part of the encoder. Referring to figure 11, the optimal codebook vector 
index, i, and the optimal codebook gain; G, determined for the current 
codebook subframe, are used to generate a scaled codebook vector, C,(n). 

Except in eighth rate, codebook 502 is provided with the optimal codebook 
index, i, determined for the current codebook· subframe and in response 
provides a corresponding excitation vector to a first input of multiplier 504. 
In the case of eighth rate, a pseudo-random sequence is generated for C,(n) 

by pseudo-random vector generator 500 and provided to a first input of 
multiplier 504. The optimal codebook gain, G, determined for the current 
codebook subframe, is provided to a second input of multiplier 504. This 
sequence is generated by the same pseudo-random generation oper.ation 
that is used by the decoder at the receiver. 

The scaled codebook vectors, C,(n), are provided to pitch.synthesis 
filter 506 which generates formant residual, P,(n). The pitch synthesis filter 

memories are initialized with the final state resulting from the last sample 
of speech generated. Pitch synthesis filter 506 uses the optimal pitch lag, i, 

. and the optimal· pitch gain, b, determined for the current pitch subframe. 
For eighth rate, the optimal pitch gain is set to O. The final state of the pitch 
synthesis filter memories is preserved for use in generating speech for the 
next pitch subframe, as mentioned above, and for use in the subsequent 
pitch searches and decoding operations within the encoder. 
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Weighted formant synthesis filter 508 generates the output, Y,(n), 

from formant residual, P,(n). This filter is initialized with the final state 

resulting form the last sample of speech generated. The LPC coefficients 
computed from the interpolated LSP values for the current subframe are 
used as coefficients for this filter. The final state of this filter is saved for use 

in generating speech for the next codebook subframe, and for use in the 

following pitch and codebook searches. 
The decoding operation, shown by _blocks 44 ~d 50 in figure 2, is 

performed in DSP core 4. The ASIC receives a packet in a specified format 
from a microprocessor (not shown) ·through microprocessor interface 42. 

DSP core 4 c:tecodes the data in this packet and uses it to synthesize speech 
samples which are supplied to a codec (not shown) through PCM interface 2. 
In DSP core 4, the received packet is unpacked to obtain the data needed to 

synthesize speech samples. The data includes the encoding rate, LSP 
frequencies, and the pitch and codebook parameters for the corresponding 

subframes for that rate. The synthesis of speech samples from the received 

packet data is performed in DSP core 4 and is shown in figure 12. 

Referring to figure 12, the optimal codebook vector index, i, and the 
optimal codebook gain, G, corresponding. to the current codebook subframe, 
are used by the decoder to generate the scaled codebook vectors, C,(n). 

Except in eighth rate, codebook 522 is provided with the optimal codebook 
index, i, corresponding to the current codebook subframe and in response 
provides the corresponding excitation vector to a first input of multiplier 

524. In the case of eighth rate, a pseudo-random sequence is generated for 
C4 (n) by pseudo-random vector generator 520 and provided to a first input 

of multiplier 524. This sequence is generated by the same pseudo-random 
generation operation that is used by the decoder at the receiver. The 
optimal codebook gain value, G, corresponding to the current codebook 
subframe, is provided to a second input of multiplier 524. 

The scal~d codebook vectors, C,(n), are provided to pitch synthesis 

filter 526 which generates formant residual, P11 (n). The pitch synthesis filter 

memories are initialized with the final state resulting from the last sample 
of speech generated. Pitch synthesis filter 526 uses the optimal pitch lag, i, 
and the optimal pitch gain, b, corresponding to the current pitch subframe. 

For eighth rate, the optimal pitch gain is set to 0. The final state of the pitch 
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synthesis filter is saved for use in generating speech for the next pitch 
subframe as mentioned above. 

Weighted formant synthesis filter 528 generates the output, Y,(n), 
from formant residual, P,(n). This filter is initialized with the final state 
resulting form the last sample of speech generated. The LPC coefficients 
computed from the interpolated LSP values for the current subframe are 
used as coefficients for this filter. The fmal state of the filter is saved for use 
in generating speech for the next codebook subframe. 

The decoded speech, Y,(n), is provided to post-filter 530 which, in the 
exemplary embodiment, is a long term post-filter based on the LPC 
coefficients for the current subframe being decoded. Post-filter 530 filters the 
reconstructed speech samples, Y,(n), and provides the filtered speech to gain 
control. 532. Gain control 532 controls the level of the output speech, s4 (n), 

and has the ability to perform automatic gain control {AGC). 

·/ 
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WE CLAIM; 
1. An apparatus for performing a normalization procedure for a block of values, the 

apparatus comprising a normalization arrangement, characterized in that said 

normalization arrangement comprises: 

magnitude determination means (152, 146) for receiving, in a repeated procedure, 

each value of said block of values and for determining a magnitude of each 

received value of said block of values and providing a magnitude value 

c<>rresponding to each said received value; 

OR-gate means.(160) for receiving each said magnitude .value, receiving a partial 

union value and providing a next partial union value; 

register means (162) for receiving said next partial union value and for providing 

said partial union value, the value remaining in said register means (162) at the 

end of the provision of said magnitude values and said next partial union values 

for all of the values of the block being indicative of a normalization factor; 

means (164, 166) for receiving said value remaining in said register means (162) 

for determination of the normalization factor, and 

means (150) for effecting normalization of each value of said block of values as 

specified by said determined normalization factor. 

2. The apparatus of Claim 1, wherein said magnitude determination means (152, 

146) comprises: 

inversion means (152) for receiving, in said repeated procedure, each value of 

said block of values and selectively bit inverting the bits if said· each value when 

said value is negative; and 

summing means (146) for adding a single bit to said selectively bit inverted 

value when said value is negative. 

3. The apparatus of Claim 1, further comprising: 

shift register means (136) for determining a shift normalization value in 

accordance with said normalization factor and for providing said shift 

normalization value; and 
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barrel shifter means (140, 150) for receiving said shift normalization value for 

shifting a copy of said block of values in accordance with said shift 

normalization value. 

4. An apparatus according to Claim 3 for normalizing a block of values 

representative of respective data bits, wherein: 

said inversion means (152) is for determining the absolute value of each value 

of the block of values and outputting respective magnitude signals representative 

thereof; 

said OR gate means (160) is for consecutively receiving the magnitude signals 

and for generating respective OR gate output signals in response thereto; 

said means (164, 166) for receiving said remaining value comprises an 

accumulator means (164, 166) for generating an accumulator output signal upon 

inputting to the OR gate means (160) of all of the values of said block of values, 

said all of the values being representative of the data bits in the block, said 

accumulator output signal representing a scaling factor; and 

said shift register means (136) and barrel shifter means (140, 150) are for 

modifying the values of the block of values in accordance with the scaling factor. 


