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Using The Low Cost, High Performance ADSP-21065L Digital
Signal Processor For Digital Audio Applications

Dan Ledger and John Tomarakos

DSP Applications Group, Analog Devices, Norwood, MA 02062, USA

This document examines desirable DSP features to consider for implementation of real time audio applications, and also
offers programming techniques to create DSP a gorithms found in today's professional and consumer audio equipment.
Part One will begin with a discussion of important audio processor-specific characteristics such as speed, cost, data word
length, floating-point vs. fixed-point arithmetic, double-precision vs. single-precision data, 1/0 capabilities, and dynamic
range/SNR capabilities. Comparisions between DSP's and audio decoders that are targeted for consumer/professional
audio applications will be shown. Part Two will cover example algorithmic building blocks that can be used to
implement many DSP audio algorithms using the ADSP-21065L including: Basic audio signal manipulation,
filtering/digital parametric equalization, digital audio effects and sound synthesis techniques.
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0. INTRODUCTION

This document will serve as an introduction for those new to digital signal processing with interestsin digital audio. It will
first cover important DSP features for use in audio application such as precision, speed, data format and 1/0O capabilities.
Some basic comparative analysis will be shown for DSPs that are targeted for professional and consumer audio applications.
Dynamic range requirements for high fidelity audio processing will aso be discussed.

Finally, there will be some discussion on various programming techniques that can be used for creating DSP agorithms
using the ADSP-21065L . Hardware circular buffering, delay lines usage, and wavetable lookups will be presented with tips
on how these building blocks can be used in certain algorithms. Implementation of various digital audio algorithms will be
demonstrated, with theoretical equations as well as actual coding implementations shown wherever possible. These include
basic audio signal manipulation, filtering techniques, waveform synthesis techniques, digital audio effects and more.

In general, most audio algorithms fall under one of three classes: Professional, Prosumer, and Consumer Audio. For
Professional Audio, the applications are targeted to a specific consumer base that consists of professional musicians,
producers, audio engineers and technicians. Prosumer Audio includes many professional applications, but aimed more at
lower cost, higher volume equipment sold through local music equipment retailers. Consumer Audio applications target a high
volume customer base through consumer electronic retailers. Many basic DSP agorithms are used in all three markets
segments, while others are used only in the professional or consumer space. Table 1 shows some examples of the types of

products and audio algorithms used in the professional and consumer markets to help demonstrate the differentiation between
the two markets.

Professional Audio Products
« Electronic Music Keyboards

« Digital Audio Effects Processors
(Reverb, Chorus, Flanging, Vibrato
Pitch Shifting, Dyn Ran. Compression....)
« \Vocal “Harmonizers” /
Formant-Corrected Pitch Shifters

« Graphic and Parametric Equalizers
« Digital Mixing Consoles

« Digital Recording Studios (DAT) /
Multichannel Digital Audio Recorders

« Speaker Equalization

* Room Equalization

Algorithms Used

Wavetable/FM synthesis, Sample
Playback, Physical Modeling
Delay-Line Modulation/Interpolation,
Digital Filtering (Comb, FIR....)

STFFT(Phase Vocoder), additive
synthesis, frequency-domain
interpolation(Lent’s Alg), windowing
Digital FIR/IIR filters

Filtering, Digital Amplitude Panning,
Level Detection, Volume Control
Compression techniques: MPEG,
ADPCM, AC-3

Filtering

Filtering

Consumer Audio Products
Karaoke
Digital Graphic Equalizers
Digital Amplifiers/Speakers
Home Theater Systems
{Surround-Sound Receivers/Tuners}
Digital Versitile Disk (DVD) Players
Digital Audio Broadcasting Equip.
CD Players and Recorders
CD-I
Satellite (DBS) Broadcasting
Satellite Reciever Systems
Digital Camcorders
Digital Car Audio Systems
(Digital Speakers, Amps, Equalizers
Surround-Sound Systems)

Computer Audio Multimedia Systems

Algorithms Used

MPEG, audio effects algorithms
Digital Filtering

Digital Filtering

AC-3, Dolby Prologic, THX
DTS, MPEG, Hall/Auditorium Effects
AC-3, MPEG...

AC-3, MPEG...

PCM

ADPCM, AC-3, MPEG

AC-3, MPEG

AC-3,

Ex. Circle Surround (RSP Tech.)
Digital Filtering...

3D Positioning (HRTFs), ADPCM,
MPEG, AC-3 ....

Table1: Some AlgorithmsUsed In Professional and Consumer Audio




1. SELECTING AN AUDIO SIGNAL PROCESSOR

The ADSP-21065L contains the following desirable characteristics to perform real-time DSP computations:

Fast and Flexible Arithmetic
Single-cycle computation for multiplication with accumulation, arbitrary amounts of shifting, and standard arithmetic and
logical operations.

Extended Dynamic Range for Extended Sum-of Product Calculations

Extended sums-of-products, common in DSP algorithms, are supported in multiply/accumulate units. Extended precision
of the accumulator provides extra bits for protection against overflow in successive additions to ensure that no loss of
data or range occurs.

Sngle-cycle Fetch of Two Operands For Sum-of-Products Cal culations
In extended sums-of-products cal cul ations, two operations are needed on each cycle to feed the calculation. The DSP
should be able to sustain two-operand data throughput, whether the data is stored on-chip or off.

Hardware Circular Buffer Support

A large class of DSP agorithms, including digital filters, requires circular data buffers. The ADSP-21065L is designed
to allow automatic address pointer wraparounds to simplify circular buffer implementation, and thus reducing overhead
and improving performance.

Efficient Looping and Branching for Repetitive DSP Operations
DSP algorithms are repetitive and are most logically expressed asloops. The 21065L's program sequencer allow looping
of code with minimal or zero overhead. Also, no overhead penalties for conditional branching instructions.

1.1 General Purpose Digital Signal Processors and Decoders For Audio

There are many tradeoffs which must be considered when selecting the ideal DSP for an application. In any cost sensitive,
high volume audio application with high fidelity requirements, designers look for a number of desired features at the lowest
available cost. Generally, these are often speed, flexibility, data types, precision, and on-chip memory. There are a handful
of DSPs and audio decoders on the market today with architectures targeted for the consumer and professional audio like the
Analog Devices ADSP-21065L, Crystal Semiconductor CS4923, Motorola DSP563xx family and Zoran ZR385xx family.

1.2 Processor Speed

Processor speed generally determines how many operations can be performed within aDSP in a set amount of time. There
are two units of measurement that are typically used to describe the speed of a chip: Megahertz and MIPS (millions of
instructions per second). The clock speed of the chip is measured in Megahertz (MHZz), or millions of cycles per second.
Thisisthe rate at which the DSP performs it most basic units of work [5]. Most DSPs perform at |east one instruction per
clock cycle. The second unit of measurement, MIPS describes exactly what it stands for : millions of instructions per second.
It isimportant, however, to understand how specific DSP manufacturers define an instruction. Some manufacturers will count
multiple operations executed in one instruction opcode as more than one machine instruction while other maintain the one
instruction opcode equals one instruction.

1.3 On-Chip Memory

The *on-chip’ memory in a DSP is the memory integrated inside of the DSP which is used to store both program instructions
and data. The size of on-chip memory in today’s DSP isincreasing due to the changing to meet the memory requirements for
evolving DSP agorithms used today. As shown in Section 3, many audio applications generally require large memory buffers.
Off-chip memory can add to the system cost and increase PCB real estate, so the trend in recent years has been an increase in
‘on-chip’ memory integration. In addition, a 'bus bottleneck' can be produced during computationally intensive DSP routines
executed off-chip, since it usually takes more than one DSP cycle to execute dual memory fetch instructions. Thisis because
DSP manufacturers will multiplex program and data memory address and data lines together off-chip to save pins on the
processor and reduce the package size, thus compromising the performance of Harvard Architecture-based processors.




1.4 1/0 Capabilities and Interfaces For Processing Of Audio Samples

Another important consideration in selecting a DSP is determining if the DSP communication with the outside world is fast
and efficient enough to handle a particular application’ s requirements. The designer must determine the transfer rate
requirements for any given application in order to determine what type of DMA and periphera interface would be adequate
for the design. Many DSPsinclude a number of on-chip peripherals that can transmit or receive data in various binary
formats between the DSP and the outside world. Many devices require a memory-mapped parallel interface or seria
interface, so DSP peripheral support plays acrucial role in what types of devices can be used with the selected DSP.

1.4.1 ADSP-21065L DMA (Direct Memory Access) Controller

The ADSP-21065L includes a number of peripherals that can transmit or receive data from the outside world and the DSP
core. On-chip DMA circuitry handles transfer of data between the DSP and external device. The ADSP-21065L host
interface circuitry alowsfor an easy interfade to an 8, 16 or 32-bit host processor. The ADSP-21065L's zero-over head
DMA controller capable of transferring data between all 1/O ports and the DSP core with no processor intervention.

1.4.2 ADSP-21065L Serial Interface to Audio Converters and other Digital Audio Devices

The ADSP-21065L has 2 serial portsto alow interface to synchronous devices as well as inter-processor communication.
Enhanced modes of operation include multichannel TDM communication as well as support for standard audio protocols such
as Philips 1S, Sony CDP, and AC'97 digital audio protocols.

Synchronous Serial Ports with Time Division Multiplexing

The ADSP-21065L supportsa TDM multichannel mode to easily interface to many synchronous serial devices such as Audio
Codecs, Audio A/D Converters and Audio D/A Converters. Many codecs can operate in a TDM scheme where control/status
information and stereo data are sent in different 'timeslots' in any given serial frame. For example, multichannel modeis often
used for interfacing to the Analog Devices AD1847 multichannel SoundPort codec. AC'97 compatible devices such as the
Analog Device AD1819A can aso be interface to the ADSP-21065L in thismode. For example, the ADSP-21065L EZ-LAB
Development board uses the AD1819a, which isa TDM protocol based on the AC-97 1.03 specification.

Philips I?SDigital Serial Protocol

In consumer and professional audio products of recent years, the analog or digital ‘front-end’ of the DSP uses a digital audio
serial protocol known as 12S. Audio interfaces between various | Csin the past was hampered because each manufacturer had
dedicated audio interfaces that made it extremely difficult to interface these devices to each other. Standardization of audio
interfaces was promoted by Philips with the development of the Inter-1C-Sound (12S) bus, a serial interface developed for
digital audio to enable easy connectivity and ensure successful designs. In short, 1°Sisapopular 3 wire serial bus standard
protocol developed by Philips for transmission of 2 channel (stereo) Pulse Code Modulation digital data, where each audio
sampleis sent MSB first. 1S signals, shown in Figures 1 and 2, consist of a bit-clock, Left/Right Clock and alternating left
and right channel data. This protocol can be compared to synchronous serial portsin TDM mode with 2 timeslots ( or
channels) active. This multiplexed protocol requires only 1 data path to send/receive 2 channels of digital audio information.




Figure 1
12S Digital Audio Serial Bus Interface Examples
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Figure 2. Example I2S Timing Diagram for 16-bit
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Audio data word sizes supported by various audio converter manufacturers range can be either
16, 18, 20, or 24 bits

Asaresult, today many analog and digital audio 'front-end' devices support the 1’s protocol. Some of these devices include:

Audio A/D and D/A converters
PC Multimedia Audio Controllers

Digital Audio Transmitters and Receivers that support serial digital audio transmission standards such as
AES/EBU, SP/DIF, IEC958, CP-340 and CP-1201.

Digital Audio Signal Processors
Dedicated Digital Filter Chips
Sample Rate Converters

The ADSP-21065L has 4 transmit and 1%S serial port support for interfacing to up to 8 commercialy available 1°S devices
Some audio DSPs and decoders also integrate analog and digital audio interfaces on-chip which resultsin asavingsin PCB

space, aswell as cost savings.

Figure 3 below shows two examples for interfacing 1°S devices to a DSP. DSPs without 1%S support can still interface to these
devices with the use of an FPGA. . Thisallows a designer to take use multiple 1S devices with many commercially available
DSPs that support a serial time-division multiplexed scheme but do not have built in support for 12S. The timings between the
devices can be resolved so that data can be aligned to a particular time-slot in the DSP TDM frame .

Thus, the ADSP-21065L 's built-in support for the 12S protocol eliminates the need for the FPGA and result in asimple,
gluelessinterface. Standard DSP synchronous serial ports with a TDM mode can still be interfaced to 12S devices, but
additional gluelogic viaan FPGA will be required to synchronize a sample to a particular DSP timeslot.




Figure 3, Example I°S/DSP Interfaces

Audio Interface Interface to a DSP Serial Port in TDM Mode Audio Interface to a DSP Serial Port with 12S Support
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SPDI/IF & AES/EBU Digital Audio Transmitters and Receivers

The ADSP-21065L's 1°Sinterface easily allow transmission and reception of audio data using industry standard digital audio
serial protocols. These devices act as a'digital’ front-end for the DSP. There are primarily 2 dominant digital protocols used
today. Oneisused for professional audio and the other for consumer audio.

AES/EBU (Audio Engineering Society/European Broadcast Union) is a standardized digital audio bit serial
communications protocol for transmitting and receiving two channels of digital audio information through a transmission line
(balanced or unbalanced XRL microphone cables and audio coax cable with RCA connectors). Thisformat of transmission is
used to transmit digital audio data over distances of 100 meters. Data can be transmitted up to 24 bit resolution, along with
control, status and sample rate information embedded in frame[37]. AES/EBU is considered to be the standard protocol for
professional audio applications. It isacommon interface that is used in interfacing different professional mixing and DAT
recording devices together. The AES3-1992 Standard can be obtained from the Audio Engineering Society.

Figure 4. AES3 Frame Format

0 3 4 27 28 29 30 31
U 24 bit Audio S le Word M
preamble | s pto it Audio Sample Word ¢ viuleclpe
B (16/20/24 Data) B
Audio Engineering Society Recommended Practice: V = Validity
AES3-1992: Serial Transmission Format for Two- U = User Data
Channel Linearly Represented Digital Audio Data C = Channel Status

P = Parity Bit

SPD/IF (Sony/Philips Digital I nterface Format) is based on the AESJEBU standard in operating in ‘consumer' mode. The
physical medium is an unbalanced RCA cable. The consumer mode carry less control/status information. Typical
applications where this interface can be found is in home theater equipment and CD players.

Digital Audio Receivers typically receive AESEBU and SP/DIF information and convert the audio information into the 1°S
(or parallel) format for the ADSP-21065L , as well as provide status information that is received along with the audio data.
Digital Audio Transmitters can take an 1S audio stream from the ADSP-21065L and transmit the audio data along with
control information in AES/EBU and SPD/IF formats.




1.5 DSP Numeric Data Formats : Fixed/Floating Point Arithmetic

Depending on the complexity of the application, the audio system designer must decide on how much computational accuracy
and dynamic range will be needed. The most common native data types are explained briefly in this section. 16- and 24-bit
fixed-point DSPs are designed to compute integer or fractional arithmetic. 32-bit DSPslike ADI's 2106x SHARC family
weretraditionally offered as floating point devices, however, this popular family of DSPs can equally perform both floating
point arithmetic and integer/fractional arithmetic.

1.5.1 1.6.0 16/24/32-Bit Fixed-Point Arithmetic

DSPs that can perform fixed point operations typically use atwo’s complement binary notation for representing signals. The
representation of the fixed-point format can be signed (twos-complement) or unsigned integer or fractional notation. Most
DSP operations are optimized for signed fractional notation. For example, the numeric format in signed fractional notation
would correspond to the samples produced from a5V A/D converter as shown in figure 4 below. The highest full scale
positive fractional number would be 0.999.... while the highest full scale negative number is-1.0.

Figure 4 Figure 5
Signed Two’s Complement Representation of Sampled Signals Fractional And Integer Formats
« Fractional format is 1.15/ 1.23 / 1.31 notation
BV OX7FFF.... I S, FFF FFFF.. FFFF FFFF|
i

radix point

ov - 0x0000.... « Integer format is 16.0 / 24.0 / 32.0 notation

ISIII T ||||.|
0x8000.... 4

radix point

-5V

In the fractional format, the binary point is assumed to be to the to the left of the LSB (sign bit). In the integer format, the
binary point isto the right of the LSB (figure 5).

1.5.2 Floating-Point Arithmetic

The native floating point capability of the ADSP-21065L has data paths that are 32 bits wide., where 24 hits represent the
mantissa and 8 hits represent the exponent. The 24 bit mantissais used for precision while the exponent is for extending the
dynamic range. For 40 bit extended precision, 32 bits are used for the mantissa while 8 bits are used to represent the
exponent (figures 6 and 7).

Figure 6. Figure 7.
IEEE 754 32-Bit Single Precision Floating-Point Format 40-Bit Extended Precision Floating-Point Format
31 30 23 22 0 39 38 31 30 0
S e7 eO 1. fzz ....... fo I I S 67 eo 1. f30 ....... fo
Sign Bit 8-Bit Exponent [ \ 24-bit Mantissa Sign Bit 8-Bit Exponent [ \ 32-bit Mantissa
Binary Point Binary Point
Hidden Bit Hidden Bit

A 32-hit floating point number is represented in decimal as:
n=mx 2°*%
It's binary numeric |EEE format representation is stored on the ADSP-21065L as.

n :('1)8 X Ze_lzg(l boblbz'"bzs)




It isimportant to know that the | EEE standard always refers to the mantissa in signed-magnitude format, and not in twos-
complement format. So the extra hidden bit effectively improved the precision to 24 bits and also insures any number ranges
from 1 (1.0000....00) to 2 (1.1111....11) since the hidden bit is always assumed to be a 1.

Figure 7 shows the 40-bit extended precision format available that is also supported on the ADSP-2106x family of DSPs.
With extended precision, the mantissais extended to 32 bits. In all other respects, it is the same format as the | EEE standard
format. 40-bit extended precision binary numeric format representation is stored as:

n=(-1)°x 2°®(Lb,b,b,--by)

Floating Point Arithmetic istraditionally used for applications that have high dynamic range requirements. Typically in the
past, trade-offs were considered with price vs performance. Until recently, the higher cost made 32-bit floating point DSPs
unreasonable for use in audio. Today, designers can achieve high quality audio using 32-bit fixed or floating point
processing with the introduction of the ADSP-21065L, at a cost comparable to 16-bit and 24-bit DSPs.

10



1.6 The Importance Of Dynamic Range In DSP-Audio Processing

One of the top considerations when designing an audio system is determining acceptable signal quality for the application.
Audio equipment retailers and consumers often use the phrase ' CD-quality sound’ when referring to high dynamic range
audio. Compare sound quality of a CD player to that of an AM radio broadcast. For higher quality CD audio, noise is not
audible, especially during quiet passagesin music. Lower level signals are heard clearly. But, the AM radio listener can
easily hear the low level noise at very audible levels to the point where it can be very distracting. Thus, as an audio signals
dynamic ranges, the better distinction one can make for low level audio signals while noise becomesinaudible. The table
below shows some comparisons of signal quality for some audio applications, devices and equipment.

Figure 9.

Audio Device/Application Typical Signal Quality Audio Slgna! Level (dBu) Relatlonshlp Between
AM Radio 48 dB Dynamic Range, SNR and Headroom
Analog Broadcast TV 60 dB
FM Radio 70 dB
Analog Cassette Player 73 dB 25 T~ Peaklevel-
Video Camcorder 75 dB Headroom clipping Point
ADI SoundPort Codecs 80 dB +4 Nominal Slectionic Ling Lovel
16 Bit Audio Converters 90 to 95 dB |
Digital Broadcast TV 85 dB Dyn amic
Mini-Disk Player 90 dB
CD Player 92 to 96 dB SNR Range
18-bit Audio Converters 104 db
Digital Audio Tape (DAT) 110 dB
20-bit Audio Converters 110 dB
24-bit Audio Converters 110to 120 dB -65
Analog Microphone 120 dB Noise “Floor”

-95

Table 2: Some Dynamic Range Comparisons

Important Audio Definitions [Davis & Jones, 17] (See Figure 9 for graphic representation)
Decibel - Used to describe sound level (sound pressure level) ratio, or power and voltage ratios:
dBy/)ts=20109(V/V; ),  dByyaits=10109(P/P;),  dBgp =20log(P/P;)
Dynamic Range - The difference between the loudest and quietest representable signal level, or if noiseis present, the
difference between the loudest (maximum level) signal to the noise floor. Measured in dB.
Dynamic Range = (Peak Level) - (Noise Floor) dB
SNR (Signal-To-Noise Ratio, or S/N Ratio) - The difference between the nominal level and the noise floor. Measured
indB. Other authors define this for analog systems as the ratio of the largest representable signal to the noise floor when
no signal is present[6], which more closely parallels SNR for a digital system.
Headroom - The difference between nominal line level and peak level where signal clipping occurs. Measured in dB.
The larger the headroom, the better the audio system will handle very loud signal peaks before distortion occurs.
Peak Operating L evel - The maximum representable signal level at which point clipping of the signal will occur.
Line Level - Nominal operating level ( 0 dB, or more precisely between -10 dB and +4 dB)
Noise Floor - The noise floor for human hearing is the average level of ‘just audible’ white noise. Analog audio
equipment can generate noise from components. With a DSP, noise can be generated from quantization errors.
[ One can make an assumption that the headroom + S/N ration of an electrical analog signal equals the dynamic range
(although not entirely accurate since signals can still be audible below the noise floor) ].

In undithered DSP-based systems, the SNR definition above is not directly applicable since there is no noise present when
thereisno signal. Indigital terms, dynamic range and SNR (Figure 11) are often both used to describe the ratio of the largest
representable signal to the quantization error or noise floor [R. Wilson, 9]. The wordlength for a given processor determines
the number of quantization levels that are available. For an n-bit data word would yield 2" quantization levels (some
examples shown in Table 4 below). The higher number of bits used to represent a signal will result in a better approximation
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of the audio signal and areduction in quantization error (noise), which produces and an increasein the SNR. In theoretical
terms, thereis an increase in the signal-to-quantization noise or dynamic range by approximately 6 dB for each bit
added to the wordlength of an ADC, DAC or DSP. For example, figure 10 demonstrates how 32-bit or 24-bit processing
can more accurately represent a given value as compared to 16-bit processing. 24-bit processing can more accurately
represent a signal 256 times better than 16-bit processing, while the ADSP-21065L 's 32-bit processing can more accurately
represent signals 65,536 times better than that for 16-bit processing, and 256 times more accurately than that of a 24-bit
processor.

N Quantization Levels for n-bit data words (N = 2" levels)
2° = 256

2% = 65,536

2?0 = 1,048,576

2% = 16,777,216

2%2 = 4,294,967,296

2% = 18,446,744,073,729,551,616

Table 4: An n-bit data word yields 2" quantization levels

Figure 10. Figure 11.
Fixed Point DSP Quantization Level Comparisons DSP/Converter SNR and Dynamic Range
1 16-Bit Quantization Step = 256 24-bit DSP Quantization Steps d B
1 16-Bit Quantization Step = 65,536 32-bit DSP Quantization Steps E feevaekl
1 24-Bit Quantization Step = 256 32-bit DSP Quantization Steps
Headroom
Normal
pr— +0 Electronic
g Line Level
= Converter DSP
— Dynamic ‘System’ N-Bit DSP Dynamic
— Range & SNR
1 = 256 1 65,536 Range SNR = 6x N-bits
16-bit — 24-bit 16-bit 32-bit Established by
Quantization = Levels of Quantization Levels of the A/D and/or
— R . R A D/A converter
Level — Quantization Level Quantization
— P DSP tizati
= A Noise Errer S 1112188 | |cornersion
— “ ” Error
= o Floor

The maximum representable signal amplitude to the maximum quantization error for of an ideal A/D converter or DSP-based
digital system s calculated as:

SNR , p(rms),(dB) =6.02n +1.76 dB Dynamic Range(dB)=6.02n + 176 dB @6n

1.76 dB is based on sinusoidal waveform statistics, and would vary for other waveforms|[ ], and n represents the data word
length of the converter or the processor.
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Figure 12.
Fixed-Point DSP Dynamic Range Comparisons

32-bit DSP
24-bit DSP 4,294,967,296
Levels of
. 16,777,216 o
16-bit DSP Levels of Quantization
65536 Quantization A A
Levels of /

Quantization Headroom
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A y

0dB
96 dB 144 dB 192 dB
Dynamic

Dynamic Dynamic
Range Range Range
DSP Noise \ \
“Floor” i

Fixed Point Dynamic Range per Bit of Resolution = 6dB

16 bit fixed point precision yields 96 dB, 16 x (6 dB per bit) = 96 dB
24 bit fixed point precision yields 144 dB, 24 x (6 dB per bit) = 144 dB
32 bit fixed point precision yields 192 dB, 32 x (6 dB per bit) = 192 dB

Figure 1 above compares the dynamic ranges between commercially available 16, 24 and 32-bit fixed point processors
(assuming single-precision arithmetic). As stated earlier, the number of data-word bits used to represent asignal directly
affects the SNR and quanti zation noise introduced during the sample conversions and arithmetic computations.

Additional Fixed Point MAC Unit Dynamic Range for DSP Overflow Prevention

Many DSPs include additional bits in the MAC unit to prevent overflow in intermediate cal culations. Extended sums-of-
products are common in DSP algorithms are achieved in the MAC unit with single cycle multiply accumulates placed in an
efficient loop structure. The extra bits of precision in the accumulator result register provide extended dynamic range for the
protection against overflow in successive multiplies and additions, thus ensuring that no loss of data or range occurs. Below
is atable comparing the extended dynamic ranges of 16-bit, 24-bit, and 32-bit DSPs. Note that the ADSP-21065L has a much
higher extended dynamic range than 16 and 24 bit DSPs when executing fixed point multiplication instructions.

N-bit DSP N-bit x N-bit  Additional MAC  Precision in MAC Additional Dynamic Resulting MAC
Multiply Result Bits Result Register Range Gained Dynamic Range

16-bit 32-bits 8-bits 40-bits 48 dB 240 dB

DSP

24-bit 48-bits 8-bits 56-bits 48-dB 336 dB

DSP

32-bit 64-bits 16-bits 80-bits 96-dB 480 dB

21056L

Developing Audio Algorithms Free From Noise Artifacts

If adigital system produces processing artifacts which are above the noise floor of the input signal, then these artifacts will be
audible under certain circumstances e.g. when an input signal is of low intensity or limited frequency content. Therefore,
whatever the dynamic range of a high-quality audio input, be it 16, 20 or 24 bit samples, the digital processing which is
performed on it should be designed to prevent processing noise from reaching levels at which it may appear above the noise
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floor of the input and hence become audible. For adigita filter routine to operate transparently, the resolution of the
processing system must be considerably greater than that of the input signal so that any errors introduced by the arithmetic
computations are smaller than the precision of the ADC or DAC. In order for the DSPto maintain the SNR established by
the A/D converter, al intermediate DSP calculations require the use of higher precision processing [9,15]. The effects of a
finite word length that can degrade an audio signal’s SNR can be the result of any of the following:

A/D Conversion Noise
Finite precision of an input data word sample will introduce some inaccuracy for the DSP computation as a result of the
nonlinearities inherent in the A/D Conversion Process.

Quantization Error of Arithmetic Computations From Truncation and Rounding
DSP Algorithms such as Digital Filters will generate results with must be truncated or rounded up. In IIR filters where
feedback isimplemented, these errors will tend to accumul ate.

Computational Overflow
Whenever the result of an arithmetic computation is larger than the highest positive or negative full scale value, an
overflow will occur and the true result will be lost.

Coefficient Quantization
Finite Word Length of afilter coefficient can affect pole/zero placement and affect adigital filters frequency response.
The ADSP-21065L enables precise placement of poles/zeros with 32-bit accuracy.

Limit Cycles
Ocecur in IR filters from truncation and rounding of multiplication results or addition overflow. These often cause
periodic oscillations in the output result, even when the input is zero.

" The overall DSP-based audio system dynamic range isonly as good as the weakest link"

Thus, in a DSP-based audio system, this means that any one of the following sources or devices in the audio signal chain will
determine the dynamic range of the overall audio system:

- the analog input signal from a microphone or other device

- the ADC word size and conversion errors

- DSP word length effects: DSP quantization errors from truncation and rounding, and filter coefficient
guantization

- output DAC

- other connecting equipment used to further process the audio signal

Fielder [38] demonstrates the dynamic range requirements for consumer CD audio requires 16-bit conversion/processing
while the minimum requirement for professional audio is 20-bits (based on perceptual tests performed on human auditory
capabilities). Dynamic range application requirements for high fidelity audio processing can be categorized into two groups:

‘Consumer CD-Quality’ Audio System uses 16-bit conversion with typical dynamic ranges between 85-93 dB
‘Professional-Quality’ Audio System uses 20-24 bit conver sion with dynamic Range between 110-122 dB

Maintaining 96 dB 16-bit 'CD-Quality' Audio During DSP Algorithm Calculations

When processing audio signals, the DSP must keep quantization errors introduced by arithmetic cal culations lower than the
converter noise floor. Consider a'CD-quality’ audio system. If the DSPisto process audio datafrom a 16 bit A/D converter
(ideal case), @96 dB SNR must be maintained through the algorithmic processin order to maintain a‘ CD quality’ audio
signal (6x16=96dB). Therefore, it isimportant that all intermediate cal culations be performed with higher precision than the
16-bit ADC or DAC resolution. Errorsintroduced by the arithmetic calculations can be minimized when using higher data-
word processing (single or extended double precision) .
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Figure 13. Fixed-Point DSP Noise Floor with a typical 16-bit
ADC/DAC at 92 dB

The higher the number of bits, the more flexibility for roundoff and truncation
errors as long as errors to not exceed noise floor of the A/D and D/A Converters.
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As an comparison example, let'stake alook at the processing of audio signals from a 16-bit A/D converter that has a
dynamic range close to it's theoretical maximum, in this case with a92 dB dynamic range and SNR (see Figure 13 above).
The 16-bit DSP only has 4 dB higher SNR higher than the A/D converter. For moderate to complex audio processing using
single precision arithmetic, the 16-bit DSP data path will not be adequate as a result of truncation and round-off errors that
can accumulate. As shown in the Figure 15 below, errors produced from the arithmetic computations will be seen by the
output D/A converter. The same sample processing algorithm implemented on a higher resolution DSP would ensure these
errors are not seen by the D/A converter. The 24-bit DSP has 8 bits below the converter noise floor to allow for errors, while
the the ADSP-21065L (32-bit DSP) has 16-bits below the noise floor, allowing for the greatest SNR computation flexibility in
developing stable, noise free audio algorithms.

Thus, when using a 16-bit converter for ‘ CD-quality’ audio, the general recommendation is to use a higher resolution
processor (24/32-bit) since additional bits of precision gives the DSP the ability to maintain the 96dB SNR of the audio
converters[9,15, 28]. Double precision math can still be used for smaller data word DSPs if software overhead is available,
although the real performance of the processor can be compromised. A 16-bit DSP using single precision processing would
only suffice for low cost audio applications where processing is not too complex and SNR requirements are around 75 dB
(audio cassette quality).

Figure 14.
16-bit A/D Samples at 96 dB SNR

Figure 15.
16-bit D/A Output Samples with Finite Length Effects
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Summary of requirementsfor maintaining 16-bit accuracy, 96 dB SNR:
All intermediate cal culations must be performed using higher precision filter coefficients and higher precision storage of
intermediate samples in larger data word computation registers and/or memory to ensure the noise floor of the
algorithm/filter isless than the final truncated output result by the D/A converter
At least 24 hits are required if the quality of 16 bitsisto be preserved. However, even with 24-bit processing, it has been
demonstrated that care would need to be taken to ensure the noise floor of the digital filter algorithm is not greater than
the established noise floor of the 16 bit signal, especialy for recursive IR audio filters. [R. Wilson, 9].
When processing 16/18/20 bit audio data, the use of 32-bit processing is especially useful for complex recursive
processing using IR filters. For example, parametric/graphic equalizer implementations using cascaded 2nd order IR
filters, and comb/allpass filters for audio are more robust using 32-bit math. The ADSP-21065's 32-bit capability reduces
the burden from the DSP programmer to ensure that the quantization error from computations does not go above the
ADC/DAC noisefloor.
The ADSP-21065L's 32-hit processing can give an additional 48 dB 'guard' benefit to ensure 16-hit signal quality is not
impaired during multistage recursive filter computations and and multiple algorithmic passes before obtaining the final
result for the DAC.

Processing 110-120 dB, 20-/24-bit Professional-Quality Audio

When the compact disc was launched in the early 1980s, the digital format of 16-bit words sampled at 44.1 kHz, was chosen
for a mixture of technical and commercial reasons. The choice was limited by the quality of available analog-to-digital
converters, by the quality and cost of other digital components, and by the density at which digital data could be stored on the
medium itself. It was thought that the format would be sufficient to record audio signals with all the fidelity required for the
full range of human hearing. However, research has shown that this format isimperfect in some respects.

Firstly, the sensitivity of the human ear is such that the dynamic range between the quietest sound detectable and the
maximum sound which can be experienced without pain is approximately 120dB. The 16-bit words used for CD alow a
maximum dynamic range of 96 dB athough with the use of dither this is reduced to about 93 dB. Digital conversion
technology has now advanced to the stage where recordings with a dynamic range of 120dB or greater may be made, but
compact disc is unable to accurately carry them.

While 16-bit, 44.1 kHz PCM digital audio continues to be the standard for high quality audio in most current applications,
such as CD, DAT and high-quality PC audio, recent technological developments and improved knowledge of human hearing
have created a demand for greater word lengths in the professional audio sector. 18, 20 and even 24 bit anal og-to-digital
converters are now available which are capable of exceeding the 96dB dynamic range available using 16 bits. Many
recording studios now routinely master their recordings using 20-bit recorders, and quickly moving to 24 bits. These
technological developments are now making their way into the consumer and so-called “ prosumer” audio markets. The most
conspicuous incarnation is DVD which is capable of carrying audio with up to 24-bit resolution. New DV D standards are
extending the digital formats to 24-bits at sample rates of 96 kHz and 192 kHz formats. Other productsinclude DAT
recorders which can sample at 96kHz. Many professional audio studio manufacturers now offer DAT recorders with 24-bit
conversion, 96 kHz sampling rage. In fact, three trends can be identified which have influenced the current generation of
digital audio formats which are set to replace CD digital audio, and these may be summarized as follows:

Higher resolution - 20 or 24 bits per word
Higher sampling frequency - typically 96 kHz
More audio channels

With many converter manufacturers introducing 24-bit A/D and D/A converters to meet emerging consumer and professional
audio standards, processing of audio signalswill require at least 32-bit processing in order to offer sufficient precision to
ensure that afilter algorithm's quantization noise artifacts will not exceed the 24-bit input signal.
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2. USEFUL DSP HARDWARE/SOFTWARE BUILDING BLOCKS FOR AUDIO

This section will briefly review common DSP operations, and show how a DSP programmer can take advantage of the
ADSP-21065L processor specific characteristics that allow the designer to easily write DSP algorithms. This DSP was
designed to allow efficient coding of real-time signal processing operations such as convolution and vector operations while
allowing fast, efficient memory accesses.

2.1 Basic Arithmetic Operations

DSPs have the ability to perform alarge range of mathematical operations. All DSPs must be able to perform simple
operations like addition, subtraction, absolute value, multiplication, logical operations (AND, OR,..). The ADSP-2106x
family with it's floating-point support can perform more advanced functions like divisions, logarithms, square roots and
averages very efficiently. Figure 16 below summarizes some common code building blocks:

Figure 16.
Common DSP Building Block Operations

Signal Delay Multiplication a Signal By A
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Subtraction of 2 Signals

Xa(n) \
x,(n) = -

— X,(N)-X,(N)

2.2 Implementing Convolution With Zero-Overhead Looping, Multiply/Accumulate
Instructions (MAC), and Dual Memory Fetches

A common signal processing operation is to perform arunning sum on an input and an impul se response to a system.
Convolution involves multiplying two sets of discrete data and summing the outputs as seen in the convolution equation
below:

y(n) = Sx(m)h(n-m)

Examining this equation closely shows elements required for implementation. The filter coefficients and input samples need
to come from 2 memory arrays. They need to be multiplied together and added to the results of previousiterations. So
memory arrays, multipliers, adders, and aloop mechanism are